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ABSTRACT 

There is a tremendous demand on real-time multimedia delivery over wireless Internet due 

to the dramatic increase in wireless communication and the growth of the Internet. 

However, real-time multimedia over wireless Internet poses many challenges. First of all, 

the inherent best-effort characteristic of packet-switched networks makes it difficult to 

provide guaranteed QoS for real-time multimedia delivery. Secondly, wireless channels 

have much higher packet-loss rate, bit-error rate, and channel instability compared to wired 

channels due to noise, path loss, multi-path fading and shadowing, which result in 

fluctuating communication channel statistics. Thirdly, the real-time communication 

demands strict time limitations on the network end-to-end delay and delay jitter. 

In this dissertation, an intelligent application architecture and several QoS improvement 

mechanisms are proposed to timely estimate the current wireless network statistics and 

dynamically take smart actions to improve the overall performance of a real-time wireless 

Internet telephony system. An online network traffic modeling method based on time series 

analysis was used to estimate the dynamic wireless network statistics such as end-to-end 

packet delay and delay jitters. Using this real-time updated information, the application’s 

sender side can take some adaptive actions such as voice codec selection and forward error-

correction schemes for packet-loss concealment to improve the QoS under current available 

network resources. Also, a novel adaptive playout jitter buffer adjustment algorithm is 

proposed. The proposed algorithm achieved 11%-15% performance improvement 
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compared to traditional adaptive playout adjustment algorithms using the ITU-E model 

measurement metric.  
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CHAPTER 1 INTRODUCTION 

1.1  Wireless Internet Telephony Opportunities  

In recent years, people have witnessed a growing interest in the transmission of voice using 

packet-based protocols. Voice over Internet Protocol (VoIP) is a rapidly growing 

technology that enables the transport of voice over data networks such as public Internet. A 

recent report by the Yankee Group, a market research firm, predicts the US consumer 

Internet telephony market will explode from 130,000 subscribers at the end of 2003 to 17.5 

million subscribers in 2008 [1]. Now, providers are offering wireless Internet telephony via 

IEEE 802.11 (WiFi) wireless local area network (LAN) and 3G cellular technologies. 

Wireless Internet telephony is much less expensive than regular mobile telephony because 

carriers can use the existing Internet, rather than build a new infrastructure, to route calls. 

Moreover, Internet telephony is not subject to the regulation and fees that governments 

impose on traditional telephony. Also, the wireless Internet telephony technology can be 

very easily combined with pictures, videos, instant message service, etc., to provide 

extensive media interaction means between remote end users and to create value-added 

services.  
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Figure 1.1, U.S. Internet telephony market [1]  

Currently, the Internet telephony technology has been used in lots of areas such as 

teleconferencing, consumer broadband telephony, Wi-Fi based wireless telephony, and 4G 

wireless communication etc. Nowadays, the biggest wireless Internet telephony 

opportunities are in business sectors such as healthcare, education, warehousing, 

distribution and manufacturing, which already have established WiFi networks over which 

they could run Internet telephony. The real commercial value will come when wireless 

Internet phones can integrate with traditional Private Branch Exchange (PBX) systems and 

thus become more useful to companies [1].  

1.2  Wireless Internet Telephony Concerns  

Despite the exciting market growth projections, however, wireless Internet telephony still 

faces several important concerns, especially in the handheld device power usage, 
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communication security, and the quality of services due to the inherent best-effort 

characteristics of the Internet. 

Compared with current cellular mobile phones, today’s experimental WiFi-based Internet 

phones consume considerable power for the radio transmission. This requires larger phones 

to accommodate more or bigger batteries, which is inconvenient for the end users. Low-

power network protocols and battery-efficient architecture for 802.11 MAC processors 

need to be exploited to bridge the gap between the power demand and current battery 

supply technology [2].  

As with any wireless technology, wireless Internet telephony also raises security concerns. 

Actually, security is one of the main challenges in WiFi technology. The security defined 

in the IEEE 802.11b standard is WEP (Wired Equivalent Privacy) and its weak encryption 

is a widely acknowledged problem [3]. Now industry has evolved to the WPA (Wi-Fi 

Protected Access) and WPA2 schemes, which are based on the IEEE 802.11i wireless-

security standard [4]. However, there were some other competing technologies for wireless 

LAN security, such as the WAPI (Wireless Authentication and Privacy Infrastructure) 

protocol. These competing technologies from different vendors need to be standardized; 

otherwise it could cause system incompatibilities and result in blocking the market growth 

of wireless LAN and wireless Internet telephony. Besides the wireless LAN security 

problem itself, the Real-time Transport Protocol (RTP), which is used to transport voice 

packets, also needs some encryption protections against possible eavesdrops. In March 

2004, the Internet Engineering Task Force (IETF) proposed the secure RTP version, the 
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SRTP/SRTCP protocol, in its RFC 3711 [5]. Meanwhile, the National Institute of 

Standards and Technology (NIST) published a draft recommendation for security 

considerations for Internet telephony in April 2004 [6].  

Quality of Services (QoS) is the key issue for wireless Internet telephony. For an 

acceptable quality of real-time Internet telephone conversation, the ITU-T G.114 standard 

specifies that one-way total end-to-end delay should be less than 150 ms. Also as to the 

packet loss criteria, the ITU-T Y.1540 [7] and IETF’s Internet protocol performance 

metrics [8] [9] specified that the total packet loss probability should be less than 3% to 

ensure acceptable voice quality. However, due to the inherent best effort characteristics of 

the Internet and the fluctuating and unstable communication link capacities and statistics of 

the wireless channel, providing satisfied QoS for the end users has become the most 

important concern for wireless Internet telephony. 

1.3  Current Wireless Internet Telephony QoS Improvement Schemes 

From the packet delivery point of view, the major impairments that affect the QoS of 

wireless Internet telephony are the packet total end-to-end delay, packet loss rate and the 

packet delay jitter. The RTP/RTCP protocol suit is the primary tool used for transporting 

voice packets over the Internet. The RTP packet has a timestamp and sequence number 

embedded, which provide the necessary information for applications to synchronize the 

voice packet stream and remove the delay jitter. However, the RTP protocol itself has no 

loss recovery scheme. Thus, packet losses in real-time voice communications are left for 

end-point applications to solve.  
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Many techniques from different angles have been proposed to improve the QoS for the 

Internet telephony. Those techniques can be classified into the following four types: 

techniques to improve bandwidth utilization, mechanisms to improve the underlying 

network protocol efficiency for real-time voice packets, mechanisms to recover and 

conceal the lost packets, and algorithms for packet jitter removal and voice playout 

improvement. 

1.3.1 Techniques to Improve Bandwidth Utilization 

In order to provide satisfied QoS for the Internet telephony system under the limited 

communication bandwidth situation, researchers have proposed several ways to improve 

bandwidth utilization efficiency. 

Some researchers proposed the methods of alternating different voice codecs to achieve 

flow control and congestion control for the limited bandwidth situation [10][11][12]. When 

the bandwidth is limited and the data rate needs to be lowered, a higher compression rate 

codec will be adopted to increase the amount of compression. This will usually result in a 

degradation of speech quality, but it is still better than having lots of lost packets and large 

delay. Given a demand for high quality, it is clear that choosing the lowest bit rate codec 

will not suit a large proportion of today’s VoIP market. Therefore, most systems offer 

G.711 (PCM) and at least one low-bit-rate codec. This enables the operator some flexibility 

to trade off between the quality and bandwidth. Table 1.1 gives a list of standard codecs 

used in VoIP systems. Figure 1.2 shows the quality of speech passed through some of the 

standard codecs. 
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Codec Bit Rate 
(kbps) 

Sample 
 Period 

Payload 
 Size 

Coding Technique 

G.711 64 20 ms 160 
bytes 

Pulse Code Modulation 

G.726 40 to 16 20 ms 80 bytes Adaptive Differential PCM 
(ADPCM) 

G.728 16 10 ms 20 bytes Low-Delay Code Excited 
Linear Prediction (LD-

CELP) 
G.729 8 10 ms 10 bytes Algebraic Code Excited 

Linear Prediction (ACELP) 
G.723.1 6.3/5.3 30 ms 24/20 

bytes 
Multi-Pulse Max Likelihood 

Quantisation (MP-
MLQ)/ACELP 

GSM FR 13 20 ms 32.5 
bytes 

Regular Pulse-Excited Long-
Term Predictor (RPE-LTP) 

GSM EFR 12.2 20 ms 30.5 
bytes 

Algebraic Code-Excited 
Linear Prediction (ACELP) 

 
Table 1.1, Current voice codec schemes for VoIP systems 
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Figure 1.2, Codec speech qualities under different bandwidths [10] 

To further improve the bandwidth utilization of the Internet telephone system, a silence 

suppression method can be applied. Silence suppression is the process in which nothing is 

coded or transmitted during the periods when the user is not speaking. During normal 

conversation, it is quite normal that when one person is speaking, the other one is just 

listening and keeping silent. By using the silence suppression method, the total required 

bandwidth can be reduced up to 50%. However, it is quite challenging to have the voice 

activity detector (VAD) detect the silent period accurately while keeping the algorithm fast 

enough for real-time communication. In addition, the background noises may make the 
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situation even worse. Also, it’s difficult to design a VAD that works perfectly in all 

circumstances. Actually, a VAD that labels more of the signal as speech, suppressing 

transmission only when the talker is definitely silent will deliver higher quality than a more 

aggressive VAD. Of course, this will increase the bandwidth requirement, but there still can 

be a significant savings over a system without silence suppression. 

Voice data is transported over the Internet using RTP/UDP/IP packet encapsulation. The 

overhead of the packet encapsulation is very large and quite inefficient. For example, if we 

use G.729a codecs and use one RTP packet to carry 20 ms of compressed voice 

information in the payload, then the payload size is 20 bytes. However, the IP/UDP/RTP 

header itself will occupy 40 bytes, as shown in Figure 1.3.  

IP 
Header 
20 bytes 

UDP 
Header 
8 bytes 

RTP 
Header 
12 bytes 

Voice 
Payload 
20 bytes 

Figure 1.3, Typical RTP packet structure using G.729a in IP network 

This is very inefficient since the IP header overhead takes almost 67% of the total required 

bandwidth. Thus, some researchers have proposed using a point-to-point RTP header 

compression technique [13] to reduce the IP/UDP/RTP overhead header of 40 bytes into 2 

to 4 bytes to further improve the bandwidth utilization. The technique consists of two parts: 

noting fields in the packet headers that do not change over the life of a flow, and noting that 

there are few flows at the edge of the network. Such information can be conveyed over the 

first hop by a single packet, and subsequently referred to by a short connection identifier, 

which serves to index the full state so that the first hop router can reconstruct the full IP 
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packet. In RTP, it turns out that there are also fields that change only by the same amount 

from each packet to the next, except in exceptional circumstances, so that this second-order 

information can also be stored in the compression state vector at the first-hop routers. This 

compression state is a kind of “soft state” and it can be recovered simply. If the router 

resets, or the route changes, or the end system radically alters state, the invalid checksum 

causes a reset of the compressed state, and an exchange of a full packet recreates the 

necessary state anew. By doing it this way, there is a typical reduction to a header size of 3-

4 bytes, which means a ten-fold reduction in the packet overhead. The weakness of this 

method is that it requires a stable link status, and if the compressed headers are lost or 

damaged, the context at the receiver side cannot be updated properly and needs further 

actions such as detecting the out-of-date context, sending a context update request and 

repairing the context. However, this method of context request and repair dramatically 

increases the total end-to-end delay time for real-time voice conversation.  Thus, the IETF 

organized the Robust Header Compression (ROHC) working group to work on the 

schemes for robust header compression for the IP/UDP/RTP packets in the IP network 

[14][15][16][17].  The basic idea behind the robust compression scheme is that, during the 

compression procedure, a code is included in the ROHC header to provide the 

decompressor with enough information to enable local repair of the context even when 

several consecutive packets have been lost or damaged. Of course, the header compression 

and decompression procedure will introduce some extra delay into the system. 
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1.3.2 Mechanisms to Improve Protocol Efficiency for Voice Packets 

To improve the QoS for real-time voice packet delivery in the IP switched networks, 

people naturally proposed to give higher priorities to the real-time voice packets so that 

they can be handled faster than other time-insensitive data packets. These priorities can be 

given at different layers of the network, such as in Media Access Control (MAC) layer or 

in the transport layer. For example, at transport layer, in the IP datagram header, there is a 

field called Type of Service (TOS). It can be used to supply a quality of service 

mechanism. For the real-time voice packet, we can label this field as high priority to 

achieve less end-to-end delay.  

As another example in MAC layer, people proposed to improve current 802.11 MAC 

schemes to give higher priorities towards real-time voice packets during the media access 

contention stage. The main media access control scheme of the current 802.11 wireless 

LAN protocol was designed with two modes of communication for wireless stations [18]. 

The first, the Distributed Coordination Function (DCF), is based on Carrier Sense Multiple 

Access with Collision Avoidance (CSMA/CA), sometimes referred to as "listen before 

talk." A station waits for a quiet period on the network and begins to transmit data and 

detect collisions. DCF provides coordination, but it doesn't support any type of priority 

access of the wireless medium. The other mode, the Point Coordination Function (PCF), 

may support time-sensitive traffic flows to some extent. The wireless access points 

periodically send beacon frames to communicate network identification and management 

parameters specific to the wireless network. Between the sending of beacon frames, PCF 
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splits the time into a contention-free period and a contention period. With PCF enabled, a 

station can transmit data during contention-free polling periods. However, PCF hasn't been 

implemented widely because the technology's transmission times are unpredictable. Both 

the DCF and PCF do not differentiate between traffic types or sources. Thus, the original 

802.11 MAC protocol cannot support QoS. Therefore, the original 802.11 MAC protocol is 

quite inefficient and has difficulty achieving the service quality demanded by real-time 

VoIP when voice and data traffic coexist [19].  

To address the QoS problem of real-time traffic over an 802.11 wireless LAN such as VoIP 

over WiFi, the IEEE has organized the 802.11e task group to enhance the current 802.11 

MAC protocol for the QoS capability. The goal of the 802.11e task group was to enhance 

the current 802.11 MAC to expand support for applications with QoS requirements, and to 

enhance the capabilities and efficiency of the protocol. The 802.11e task group has 

proposed two different schemes related to the two different coordination modes of the 

original 802.11 MAC protocol. The first QoS enhancement solution is the Enhanced 

Distribution Coordination Function (EDCF). This scheme introduces the concept of traffic 

categories. Each station has eight traffic categories, or priority levels. Using EDCF, stations 

try to send data after detecting whether the medium is idle and after waiting a period of 

time, which is defined by the corresponding traffic category, called the Arbitration 

Interframe Space (AIFS). A higher-priority traffic category will have a shorter AIFS than a 

lower-priority traffic category. Thus, stations with lower-priority traffic must wait longer 

than those with high-priority traffic before trying to access the medium. To avoid collisions 

within a traffic category, the station counts down an additional random number of time 
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slots, known as a contention window, before attempting to transmit data. If another station 

transmits before the countdown has ended, the station waits for the next idle period, after 

which it continues the countdown where it left off. There are no guarantees of service 

provided, but EDCF establishes a probabilistic priority mechanism to allocate bandwidth 

based on traffic categories [20][21]. The other enhancement solution 802.11e offers is to 

extend the polling mechanism of PCF with the Hybrid Coordination Function (HCF). A 

hybrid controller polls stations during a contention-free period. The polling grants a station 

a specific start time and a maximum transmit duration. 

Moreover, to improve the access fairness and efficiency besides quality of services, the 

admission control scheme is also very essential and important. For example, in the EDCF 

scheme, suppose an access point can only accommodate a maximum of six simultaneous 

real-time VoIP sessions. Any other data traffic that attempts to use the medium channel is 

prioritized below the real-time VoIP traffic so that all six VoIP sessions have good quality 

of service. Now, if a seventh call is initialized in this wireless LAN, since it is also a high-

priority real-time packet stream, it will be in contention with the other six real-time VoIP 

streams. However, the AP can only accommodate a maximum of six real-time traffic 

streams. Consequently, the whole wireless LAN performance will be degraded 

dramatically and all seven VoIP calls will perform poorly. To avoid this situation, the 

working 802.11e standard proposed an admission control mechanism based on EDCF. The 

admission control works as follows. When an additional real-time packet stream requests 

higher-priority QoS service, the admission control module will check the Basic Service Set 

(BSS)’s current available resource budget. If the budget is enough and the adding of the 
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requesting real-time stream won’t affect current real-time high-priority sessions, it will 

approve the request. If the BSS doesn’t have enough resources, it will reject the request, 

and just treat the requested real-time packet stream as a regular data stream. In this way, the 

QoS of the current high-priority real-time stream won’t be affected and will still have very 

good quality. Thus, by using the admission control, we can protect the high-priority traffic 

from the competing of high-priority traffic [21][22]. 

Another option to provide better QoS for real-time applications over wireless LAN is to 

improve the bandwidth and throughput for 802.11 wireless LAN. In late 2003, the IEEE 

started to organize the 802.11n task group to develop a new standard for the next 

generation of wireless LANs, which is expected to achieve high throughput over 100 

Mbps. The task group adopted a multiple input, multiple output (MIMO) multiple-antenna 

technique and orthogonal frequency division multiplexing (OFDM) to boost data 

throughput rates using two- or four-antenna arrays [23]. They also touted the use of 20 

MHz and 40 MHz channel widths for backward compatibility with today's Wi-Fi kit and 

room for high-bandwidth networks, respectively. Also, spatial multiplexing techniques will 

be used to spread the data across the various antennas, essentially turning a serial data 

steam into multiple parallel streams to boost throughput. 

Table 1.2 lists some important data for the IEEE 802.11 series wireless LAN. 

IEEE WLAN 
Standard 

Over-the-Air 
(OTA) 

Estimates 

Media Access 
Control Layer, 

Service Access Point 
(MAC SAP) 

Estimates 



25 

  
  

802.11b 11 Mbps 5 Mbps 

802.11g 54 Mbps 25 Mbps (when 11b 
is not present) 

802.11a 54 Mbps 25 Mbps 
802.11n 600 Mbps 300 Mbps 

Table 1.2, Wireless LAN throughput of IEEE 802.11 standards  

1.3.3 Mechanisms to Recover and Conceal Lost Packets 

The voice packets transferred in the IP network may become lost due to the following 

reasons: overflow of the queuing buffer during competing media accesses, drop-outs during 

the congestion period in the routers along the path, late arrival and passed the scheduled 

play-out time, etc. The lost packets pose a significant impairment to the perceived voice 

quality for the end user. 

To recover or repair the lost packets, many real-time loss concealment schemes have been 

proposed to improve the quality of the VoIP system [24][25][26]. The loss concealment 

schemes include coder-independent schemes and coder-dependent schemes. Also, the loss 

concealment schemes can be divided into two types. One type adds explicit redundancy 

information such as forward error correction (FEC) or extracted information of a packet 

into its following packet [27][28] [29]. The other type explores the inherent redundancy in 

voice steams such as by replaying the previous packet, padding the lost slot by silence or 

white noise [30], or doing parameter reconstruction using the Linear Prediction (LP) 

coder’s single description [31]. 

Recently, Lin and Wah proposed a novel concealment scheme [25] [32] for low-bit-rate 

VoIP. Their basic approach is to use a sample-based interleaving technique to split frames 
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into a packet frame with even samples and a packet frame with odd samples. If either of the 

odd or even packets is lost, it can be recovered from its paired even or odd packet.   

The weakness of this approach is that aliasing may be caused by downsampling, and the 

time required for coding the frame is lengthened. Also, it introduces additional computing 

delay for this kind of splitting and merging at the sender/receiver side. Moreover, this type 

of loss concealment scheme may work well for a low-bit-rate link such as a dial-up, but 

may not be performed so well for current wireless LAN links. Current wireless LANs offer 

sufficient bandwidth (at least 1 Mbps, and typically 10 Mbps or 54 Mbps), but they suffer 

from a higher packet-loss rate, fluctuating link status, sender collision avoidance buffering 

delays, etc. For real-time voice communication, delay is a more important factor than 

packet loss at some extent. In the WiFi MAC scheme, bandwidth is not a great concern, 

especially for real-time voice packets, but packet drop rate, media access contention, and 

back-off retry times, which increase the overall delivery delay, may result in a serious 

problem. Also, because of the IP packet header’s inefficiency, contemplating low bit rates 

below a certain level makes limited sense.  

Therefore, from the whole-system point of view, in the wireless WiFi environment, it may 

be not worthwhile to add extra computing complexity and delay to pursue low-bit-rate 

concealment schemes; it may be better to adopt a simple concealment scheme to minimize 

the loss concealment processing delay. For example, when the network drop rate is high, 

the system can simply duplicate the whole previous voice frame in every sent packet; when 
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the network drop rate is low, the system can simply use noise padding or interpolation 

techniques to conceal packet loss.  

The RFC 2198 has already given an explicit definition about how the loss concealment 

redundancy information can be carried in the RTP packet [33]. 

1.3.4 Algorithms for Packet Jitter Removal and Voice Playout Schemes 

The transmission of voice over packet-switched networks differs from conventional circuit-

switched networks in that each VoIP packet will experience variations in delay. This kind 

of jitter variation is an inherent characteristic of packet-switched networks. To address this 

problem, a playout jitter buffer at the receiver side is used to hold incoming voice packets 

for a short period of time (jitter buffer delay) to synchronize the packets before their 

scheduled playout time. Packets that are not received before their scheduled playout time 

are considered lost (jitter buffer packet loss). Improved synchronization quality is gained 

when the jitter buffer scheduler imposes longer delay. However, this also results in 

increased overall delay to the voice stream that may be perceived by the user. 

From the network transport perspective, VoIP speech quality is primarily impaired by 

packet loss, total end-to-end delay (mouth-to-ear delay) and the delay jitter. The loss of 

packets generates gaps in the continuous voice stream, resulting in degraded voice quality. 

The total packet loss includes network transmission loss due to network congestion and 

jitter buffer loss due to packet arrival lateness. The total packet end-to-end delay does not 

cause a reduction in voice quality but it does affect the interactive nature of conversations. 
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A network propagation delay of less than 100 ms is not noticeable to users, whereas delays 

over 200 ms begin to cause some degree of awkwardness between alternating speakers 

during a conversation.  

The introduction of the VoIP playout jitter buffer affects both the total end-to-end delay 

time and the total packet loss rate. With a small jitter buffer size, more late-arrival packets 

are likely to be dropped, so the corresponding jitter buffer packet loss increases, resulting in 

an increased total packet loss rate. When the jitter buffer size increases, fewer packets are 

dropped due to arrival lateness, resulting in improved voice quality. However, a large 

buffer size increases the total end-to-end delay. Both the increased packet loss rate and 

increased total end-to-end delay result in the degradation of conversation quality. Finding 

the tradeoff between the total end-to-end delay and the total packet loss rate is the key issue 

for designing the VoIP playout jitter buffer scheduler. A good playout algorithm should be 

able to minimize buffering delay and late-packet loss, thus improving the loss-delay 

tradeoff. 

Generally speaking, the design of the VoIP playout jitter buffer can be classified into two 

types: fixed-size playout buffer design and adaptive jitter buffer playout design. Since the 

fixed-size jitter buffer playout algorithms do not adapt to the dynamic network conditions, 

their performances are usually not adequate. Thus, in practice, most current VoIP playout 

jitter buffer schedulers can be adaptive to network traffic changes to some extent.  

In 1994, Ramjee et al. proposed an adaptive playout jitter buffer algorithm which recently 

became a standard adaptive playout mechanism for VoIP systems. This adaptive playout 
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algorithm is based on Jacobson’s work [34] on TCP roundtrip time estimation (an 

exponentially weighted moving average estimator). This algorithm estimates two statistics: 

the packet delay and the delay variance, and then uses those two estimates to calculate the 

playout time. However, the practicality of Ramjee’s adaptive playout algorithms is 

hindered by the sensitivity of the performance to the proper tuning of its α  parameters. In 

2003, Narbutt et al. did experiments with different values of α  under different network 

conditions and found out that it is not feasible to tune the α  parameter to an optimal value 

so that the adaptive algorithm works well for all network conditions. Thus, Narbutt 

proposed a dynamic α  playout algorithm based on Ramjee’s scheme. The selection of α  

is based an empirical function derived from experiments on a large set of network traces. 

Ramjee’s standard adaptive playout algorithm and its variants are based on linear recursive 

filtering with stochastic gradient descent for packet delay estimation. This method is more 

reactive to the changing network conditions. However, Ramjee’s algorithm and its current 

variants do not provide an explicit relationship between the packet late-arrival loss rate and 

the calculated playout delay. 

Besides Ramjee’s standard adaptive playout algorithm and its variants, other researchers 

have proposed adaptive playout algorithms based on the packet-delay histogram instead of 

using linear recursive filtering for the estimation of packet delays. In 1998, Moon et al. 

proposed calculating a given percentile point q  in the distribution function of the packet 

delays for the latest w  packets, and then use it as the playout delay for the new talkspurt. 

The advantage of this histogram-based estimation approach is that the user can specify the 
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acceptable packet loss rate ε , and the algorithm automatically adjusts the delay 

accordingly. Thus, the trade-off between the buffering delay and the late-arrival loss rate 

can be controlled explicitly. However, we argue that the histogram-based estimation can 

only provide the distribution information and cannot provide information about the 

dynamic relationship between the consecutive packet delays. That is to say, the histogram-

based estimation gives the same treatment for all of the past packet delays without 

considering that the latest packet delay may be more correlated with next packet delay. 

This may result in a slow adaptation to the dynamic network conditions, especially for the 

non-stationary wireless Internet environment. 

Both Ramjee’s and Moon’s adaptive playout algorithms adjust the jitter buffer size only at 

the beginning of the talkspurts. With this type of “per-talkspurt” mechanism, any variation 

in the playout delay will introduce artificially compressed or expanded silent periods 

between consecutive talkspurts. This kind of per-talkspurt mechanism’s effectiveness is 

limited when talkspurts are long and the network delay variation within them is high. For 

example, typically speaking, the mean duration of a talkspurt in conversation is around 

7.24 seconds [35], which means that there are around 362 packets in this talkspurt if every 

VoIP packet contains 20 ms data. According to others and our network traffic data, 

burstiness is very highly possible to happen in such a long period.  

Thus, in 2003, Liang et al. proposed an adaptive playout algorithm which can adjust the 

jitter buffer size within a talkspurt. Proper reconstruction of continuous playout speech is 

achieved by scaling individual voice packets using a time-scale modification technique 
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based on the Waveform Similarity Overlap-Add (WSOLA) algorithm. Their subjective 

listening experiments showed that the voice packets could be scaled from 50 percent to 200 

percent of the original size without degrading sound quality. In Liang’s adaptive playout 

scheme, the packet delay prediction was also based on histogram approach.   

In this dissertation, we propose a novel playout buffer adjustment algorithm based on 

dynamic estimation of network delays using more advanced and accurate time series 

modeling techniques. Moreover, the proposed algorithm provides an explicit relationship 

between the packet late-arrival loss rate and the playout buffering delay. Thus, the 

algorithm can provide a minimum playout buffer delay while guaranteeing that the packet 

loss rate will be less than a certain level. The proposed playout buffer adjustment can be 

done within talkspurts. In this way, the algorithm can be more reactive to the change of 

network conditions, and a better tradeoff between the buffering delay and late-arrival loss 

rate can be achieved. 

1.4 Contributions of the Dissertation 

A high-quality VoIP solution involves engineering challenges in which the design choices 

(codec selection, media access control, network transport schemes, loss concealment 

strategies, jitter buffer lengths, end-to-end delay controls, etc.) heavily affect the whole 

system performance. Moreover, a specific choice may work great with one situation while 

being significantly below the desired performance in other situations. For efficient wireless 

network applications, it is not sufficient to focus exclusively on either higher-layer or 

lower-layer optimization. The interaction between mechanisms operating at each layer 
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must be taken into consideration. Higher-layer flow control protocols should behave in a 

way that lower-layer enhancements are not compromised. 

An intelligent framework should be designed to timely detect the current network situation 

and smartly yet dynamically select different design options so that the overall system can 

achieve the best performance under the current situation. This intelligent framework may 

work in the session or application layer, which will smartly evaluate the current network 

traffic situation and take intelligent actions to adapt to the fluctuating wireless/mobile 

network situation in order to maintain or improve the end-to-end communication QoS. 

These intelligent actions include dynamic flow control via dynamic codec selection, 

dynamic piggyback redundancy information under an efficient control plane, etc. to adapt 

to the fluctuating wireless/mobile network situation. 

One of the major contributions in this dissertation is a novel scheme to use time-series 

analysis methods to model and forecast the dynamics of non-stationary WLAN end-to-end 

packet delay and the delay jitter series. To the best of our knowledge, we are the first to 

utilize ARMA and fractional ARMA models to model and forecast the 802.11 wireless 

LAN traffic in terms of end-to-end packet delay and delay jitter. In our experiments, 

extensive wireless LAN traffic data in terms of end-to-end delay and delay jitter series have 

been collected through the method of alternating the WLAN background traffic levels, 

WLAN topology configurations, and the dynamic link capacities. The long-range-

dependence property of the collected WLAN time series data are examined via the 

autocorrelation function and Hurst exponent parameter estimation. In addition, we propose 
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to use a one-step-ahead forecasting algorithm applying new incoming information to 

update the previous forecasted values. The proposed method is accurate since it reduces the 

accumulated prediction errors by introducing the new incoming information into the 

prediction formula. It is also recursive and does not need to re-estimate the model 

parameters. Thus it is fast, accurate and suitable for real-time online applications. Also, we 

propose a procedure to automatically detect the traffic-model changes and automatically 

update the dynamic model parameters. In this procedure, at each periodic check time (every 

20 seconds), the accumulated model prediction error is evaluated. If the accumulated error 

is greater than the predefined threshold, then the model re-selection and re-estimation 

procedures are started again. 

Another major contribution of this dissertation is the proposal of a novel adaptive playout 

buffer adjustment algorithm based on dynamic estimation of network delays using more 

advanced and accurate time-series modeling techniques. The proposed algorithm provides 

an explicit relationship between the packet late-arrival loss rate and the playout buffering 

delay. Thus, the algorithm can provide a minimum playout buffer delay while guaranteeing 

the packet-loss rate is less than a certain level. The proposed playout buffer adjustment can 

be done within talkspurts. In this way, the algorithm can be more reactive to a change of 

network conditions, and achieves a better tradeoff between the buffering delay and late-

arrival loss rate. The proposed algorithm achieved 10%-15% performance improvement 

compared to traditional adaptive playout adjustment algorithms using the ITU-E model 

measurement metric. 
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1.5 Organization of the Dissertation  

The remainder of this dissertation is organized in the following manner: In Chapter 2, the 

basic components and technologies of a typical Internet telephony system are introduced. 

Chapter 3 discusses the traffic modeling of an 802.11 wireless LAN using fractional time-

series analysis, where an efficient fast-estimation method of the long range dependence 

parameter is proposed and tested under different wireless LAN traffic conditions and loads. 

In Chapter 4, a novel adaptive playout jitter buffer adjustment algorithm based on time-

series modeling is proposed. Chapter 5 presents an intelligent application framework that 

can timely detect the current network situation and dynamically select different design 

options in order to achieve best system performance under the current situation.  
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CHAPTER 2 BASIC VOIP SYSTEM STRUCTURE AND TECHNOLOGIES 

2.1 Basic System Structure of Internet Telephony 

A typical voice over IP telephony system can be described as the following components.  

 

 

 

 

 

 

 

 

 
Figure 2.1, Components of a typical VoIP system 

The signaling flow via SIP or H.323 protocol suite is used to set up and control the logical 

connection between the speaker and receiver. The real-time voice packets are sampled, 

A/D

Echo Cancel

Voice Coding

Packetization

RTP/UDP/IP

Network

IP Network

SIP/H323
Signaling

SIP/H323
Signaling

Sender Receiver

A/D

Echo Cancel

Voice Coding

Packetization

RTP/UDP/IP

Network

SIP/H323
Signaling

SIP/H323
Signaling

Sender Receiver

Jitter Buffer

A/D

Echo Cancel

Decoding

RTP/UDP/IP

Network

A/D

Echo Cancel

Voice Coding

Packetization

RTP/UDP/IP

Network

IP Network

SIP/H323
Signaling

SIP/H323
Signaling

Sender Receiver

A/D

Echo Cancel

Voice Coding

Packetization

RTP/UDP/IP

Network

SIP/H323
Signaling

SIP/H323
Signaling

Sender Receiver

Jitter Buffer

A/D

Echo Cancel

Decoding

RTP/UDP/IP

Network



36 

  
  

processed and then transported through the RTP/UDP/IP channel to the receiver side. And 

the receive does the reverse procedure to recovery and play the voice out. 

The following procedures are involved to make sure the voice segments arrived at the 

receiver side to be correct and be played out in right time order. 

• A/D and D/A conversion: These procedures are used to convert analog voice into 

digital forms and versus, typically done by the sound card 

• Compressing/Decompress: This procedure is used to compress the digitalized 

voice data in standard format for transmission in order to save the system required 

bandwidth. Some common used voice codecs include G.711, G.723, G.729, GSM 

etc.  

• Echo Cancellation: This process is used to remove echoes between speaker and 

receiver. 

• Packetization:  This process is used to encapsulate the compressed voice data into 

the IP packets so that they can be transferred through the Internet. Redundant 

information for loss packet concealment may be added in this process 

• Receiver Side Jitter Buffering: when voice packets travel through the Internet, 

they may encounter different queuing delays and even different routes, which 

results in out-of-order arrival. To avoid packets loss due to packet late arrival, and 

to reconstruct the constant play rate of the voice stream, the jitter buffer at receive 

side is adopted. 
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2.2 Internet Telephony Data Transport Protocols: RTP/RTCP 

2.2.1 Real-Time Transport Protocol (RTP) 

As we’ve discussed before, there are two major transport layer protocols, UDP (User 

Datagram Protocol) and TCP (Transmission Control Protocol), to transport data over the 

Internet. However, both UDP and TCP are not suitable for real-time data transportation 

over Internet. The TCP protocol provides reliable connection orientated services, can 

guarantee the correctness of received packets. It also has build-in flow and congestion 

control mechanisms, which offer good protection against overloading the network.  

However, TCP is not suitable for real-time voice communication due to the following 

reasons. The biggest problem is that the TCP’s reliable byte stream service heavily relies 

on the retransmission of lost or corrupted packets, which will post a large delay to the real-

time communication. Usually, it is better to have an occasional lost or corrupted packet 

than having a large amount of delay for real-time voice communication. Another problem 

is that the standard TCP protocol doesn’t support multi-cast which is an essential feature 

for teleconference system. As to the UDP protocol, it is simple, has the advantage of not 

having to wait for retransmissions of lost packets, and supports multicast feature. However, 

the UDP offers only a best-effort service, and provides no mechanisms for synchronization 

and also cannot deal with the out-of-sequence data stream. Thus, UDP is also not good for 

real-time data delivery over Internet. 

To address the problem of delivering real-time audio and video data over Internet, the IETF 

organized the audio-video transport working group and published the original version of 
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the Real-time Transport Protocol (RTP) in RFC 1889 [38] in the year of 1996. In July 

2003, the RTP has its updated version specified in RFC 3550 [39].  

The RTP protocol was designed to provide end-to-end delivery services for data with real-

time characteristics, such as interactive audio and video. Those services include payload 

type identification, sequence numbering, timestamping and delivery monitoring. 

Applications typically run RTP on top of UDP to make use of its multiplexing and 

checksum services; UDP and RTP protocols contribute parts of the transport protocol 

functionality. However, RTP may be used with other suitable underlying network or 

transport protocols.  RTP supports data transfer to multiple destinations using multicast 

distribution if provided by the   underlying network. 

Note that RTP does not address resource reservation and does not guarantee quality-of-

service for real-time services, such as packet loss free, and packets arrived in order. It will 

rely on lower-layer services to do so. However, by providing the RTP sequence number 

and RTP timestamp, RTP will enable the receiver to put the packets back into the correct 

order and not wait too long for packets that have either lost or are taking too long to arrive. 

Moreover, RTP has got an augment protocol called Real-time Transport Control Protocol 

(RTCP) to allow monitoring of the data delivery in a manner scalable to large multicast 

networks, to provide minimal control and identification functionality, and to convey 

information about the participants in an on-going session. RTP and RTCP are designed to 

be independent of the underlying transport and network layers. The protocol supports the 

use of RTP-level translators and mixers. 
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The following Figure 2.2 and Figure 2.3 show the detailed bit stream of an typical RTP 

packet over Ethernet and 802.11 wireless LAN respectively. 
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Figure 2.2, VoIP RTP packet format over Ethernet 
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Figure 2.3, VoIP RTP packet format over 802.11 wireless LAN 

2.2.2 Real-Time Transport Control Protocol (RTCP) 

The RTP control protocol (RTCP) is based on the periodic transmission of control packets 

to all participants in the session, using the same distribution mechanism as the data packets.  

The underlying protocol must provide multiplexing of the data and control packets, for 

example using separate port numbers with UDP.   

According to the RFC 3550 [39], the RTCP protocol should have the following four 

functions: 

• The primary function of RTCP is to provide feedback on the quality of data 

delivery. Such information can be used by the application to perform flow and 
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congestion control functions. The information can also be used for diagnostic 

purposes. Sending reception feedback reports to all participants allows one who is 

observing problems to evaluate whether those problems are local or global.  With 

a distribution mechanism like IP multicast, it is also possible for an entity such as 

a network service provider who is not otherwise involved in the session to receive 

the feedback information and act as a third-party monitor to diagnose network 

problems.  This feedback function is performed by the RTCP sender and receiver 

reports. 

• RTCP will also distribute an identifier that can be used to group different streams 

together (for example, group audio and video stream together). Such a mechanism 

is necessary since RTP itself doesn’t provide this information. Also the inter-

media synchronization also requires the NTP (Network Time Protocol) and RTP 

timestamps included in RTCP packets by data senders. 

• By periodically sending RTCP packets, each session can observe the number of 

participants. The RTP stream cannot be used for this since it is possible that one 

end of the RTP stream may just listen and doesn’t send any data. The number of 

participants is used to calculate the rate at which the RTCP packets are sent. The 

reason to control the RTCP packet rate is to avoid too much RTCP control 

overhead so that the RTP streams can scale up to a large number of participants 

under current available bandwidth. 

• The fourth, which is optional function by RTCP is to convey minimal session 

control  information, for example participant identification to be displayed in the 

user interface. 

To avoid heavy RTCP overhead communication, an individual RTP participant should 

send only one compound RTCP packet per report interval in order for the RTCP bandwidth 

per   participant to be estimated correctly. Also the RTCP packet transmission interval need 

to be controlled dynamically so that the dynamically joined RTP participants won’t result 



41 

  
  

in linear growing RTCP control traffic with the number of participants. RFC 3550 

recommended that that the fraction of the session bandwidth added for RTCP should be 

fixed at 5%.  And among the 5% fraction, 1.25% should be allocated to the data senders 

and 3.75% to the receivers. The RFC 3550 also gives a recommended value for a fixed 

minimum reduced interval between transmission of compound RTCP packets to avoid 

having bursts of packets, which is 360 divided by the session bandwidth in kilobits/second 

[39]. For example, if the session bandwidth is 72kb/s, then the recommended minimum 

interval is 5 second. 

2.3 Internet Telephony Signaling Protocols: SIP and H.323 

Besides of the protocols for real-time voice data transportation, to provide quality services, 

Internet telephony also requires a set of signaling and control protocols for connection 

establishment, capabilities exchange, conference control etc. Currently, there are two major 

protocol sets being widely used. One is the ITU-T H.323 protocol and the other is IETF 

Session Initiation Protocol (SIP).  

2.3.1 H.323 Protocol 

H.323, ratified by the International Telecommunication Union – Telecommunication (ITU-

T), is a set of protocols and procedures for voice, video and data conferencing over packet-

based networks, such as the Internet. The H.323 protocol stack is designed to operate above 

the transport layer of the under-lying network. Therefore, H.323 can be used on top of any 

packet-based network transport layer, such as TCP/IP, to provide real-time multimedia 

communication. 
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The H.323 protocol suit includes H.245 for controlling, H.225.0 for connection 

establishment, H.332 for large conferences, H.450.1, H.450.2 and H.450.3 for 

supplementary services, H.235 for security, and H.246 for interoperability with circuit-

switched services[41].  H.323 started out as a protocol for multimedia communication on 

LAN without Qos guarantees, but now has evolved to try and fit the more complex needs 

of Internet telephony.   

In a general H.323 implementation, there are four logical components required: the 

terminals, gateways, gatekeepers and Multipoint Control Units (MCUs). Those components 

are defined as the following [42]: 

• Terminals: These are LAN client end points that provide two-way 

communications which support the H.245 (used for allowing the usage of 

channels), the Q.931 (required for call signaling and setting up the call), the RTP 

(real-time transport protocol that carries voice packets) and the RAS 

(Registration, Admission and Signaling, used to interact with the gatekeeper) 

protocols. A H.323 terminal can communicate with either another H.323 terminal, 

a gateway or a Multipoint Control Unit (MCU). 

• Gateways: An H.323 gateway is an endpoint on the network which provides for 

real-time, two-way communications between H.323 terminals on the IP network 

and other ITU terminals on a switched based network, or to another H.323 

gateway. They perform the function of a “translator” i.e. they perform the 

translation between different transmission formats. When the terminals on a 

network need to communicate with an endpoint in some other network, they 

communicate via gateways using the H.245 and Q.931 protocols. Gateways are 

optional in that terminals in a single LAN can communicate with each other 

directly 
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• Gatekeepers: They are the most vital components of the H.323 system and they 

act as central point for all calls within their zone providing services to the 

registered endpoints. The functionalities include Address Translation, Admissions 

Control, Call Signaling and Authorization, Bandwidth management and Call 

Management. 

• Multipoint Control Units: The MCU is an endpoint on the network that provides 

the capability for three or more terminals and gateways to participate in a 

multipoint conference. The MCU consists of a mandatory Multipoint Controller 

(MC) and optional Multipoint Processors (MP). The MC determines the common 

capabilities of the terminals by using H.245 but it does not perform the 

multiplexing of audio, video and data. The MP under the control of the MC 

handles the multiplexing of media streams. 

In the H.323 protocol stack, the audio, video and the registration packets use the unreliable 

UDP while the data and control application packets use the reliable TCP as the transport 

protocol. H.323 provides three types of control protocols: H.225.0/Q.931 for Call 

Signaling, H.225.0 RAS for Registration, Admission and Signaling, and H.245 for Media 

Control. H.225/ Q.931 is used in conjunction with H.323 and provides the signaling for call 

control. For establishing a call from a source to a receiver host, the H.225 RAS 

(Registration, Admission and Signaling) channel is used. After the call has been 

established, H.245 is used to negotiate the media streams. 

2.3.2 Session Initiation Protocol (SIP) 

To address the problems that H.323 encountered, the MMUSIC working group of the IETF 

decided to develop a new powerful, flexible, simple, and scalable protocol that could serve 

as a real foundation for true wide area Internet telephony [43]. The product is the Session 
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Initiation Protocol (SIP), which leveraged off the work on distributed conferencing services 

and existing Internet Protocols (the HyperText Transfer Protocol and the Simple Mail 

Transfer Protocol). The first version of SIP was defined in RFC 2543 in March 1999. And 

later in June 2002, the SIP has its updated second version defined in RFC 3261. 

SIP is an application layer control protocol for creating, modifying and terminating 

sessions with one or more participants. It reused many of the header fields, encoding rules, 

error codes, and authentications mechanisms of HTTP. The SIP architecture is similar to 

that of HTTP (client-server protocol). Requests generated by the client are sent to the 

server which in turn processes them and sends response to the client thus completing one 

transaction. In the case of IP telephony, the caller acts as client, and the callee acts as 

server. A single call may involve several servers and clients, as requests may be forwarded 

[44]. SIP supports unicast, mesh and multicast conferences, as well as combinations of 

these modes. SIP implements services such as call forwarding and transfer, placing calls on 

hold, camp-on and call queuing by a small set of call handling primitives. 

The SIP protocol makes minimal assumptions about the underlying transport protocol. It 

can directly use any datagram or stream protocol, only requires that a whole SIP request or 

response has to be either delivered in full or not at all.  

The SIP system consists of two components: 

• User Agents: A user agent is an end system acting on behalf of a user. There are 

two parts to it: a client and a server. The client portion is called the User Agent 

Client (UAC) while the server portion is called User Agent Server (UAS). The 



45 

  
  

UAC is used to initiate a SIP request while the UAS is used to receive requests 

and return responses on behalf of the user. 

• Network Servers: There are 3 types of servers within the network. A registration 

server receives updates concerning the current locations of users. A proxy server 

on receiving requests, forwards them to the next-hop server, which has more 

information about the location of the called party. A redirect server on receiving 

requests, determines the next-hop server and returns the address of the next-hop 

server to the client instead of forwarding the request. 

The basic operation flow in the SIP is as the follows. The callers and callees are identified 

by SIP addresses. The Call ID field in the SIP message header uniquely identifies the calls. 

When making a SIP call, a caller first needs to locate the appropriate server and send it a 

request. The caller can either directly reach the callee or indirectly through the redirect 

servers. Upon the request, the redirect server would look for locations of the callee and then 

send the corresponding SIP-URLs back to the caller. Based on this information, the caller 

could then try to contact the other user directly. Also, the caller could send its invitation 

request to a proxy server which would look for possible locations of the callee and try to 

invite that callee from the proxy. When the proxy knows that the invitation was either 

accepted or denied, it then would send an appropriate response back to the caller. In this 

way, a proxy server acts as both a client and a server.   

2.3.3 Comparison of SIP and H.323 

Both SIP and H.323 offer similar services, which solution is better and should be adopted? 

Comparisons of these two protocols are given in [41].  The short summary of the 

comparison is as the following. 
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The SIP is an IP based protocol whereas the H.323 was originally designed with ATM and 

ISDN signaling in mind, which makes it not so suitable for controlling the voice over IP 

systems. The SIP is much smaller and less complicated standard since it is based on the 

architecture of HTTP and FTP whereas the H.323 is large and complicated. SIP uses a 

simple text format in messaging which is easy to decode and debug and also these 

messages are smaller than the H.323 binary messages. Because SIP is based on a 

client/server distributed architecture it is more scalable than H.323 which often requires 

peer-to-peer communications. Extending SIP is also easier because of its simpler message 

format and greater experience with similar protocols such as HTTP. Although the share of 

SIP will increase H.323 will also grow as most of its interoperability problems have been 

addressed. Moreover, H.323 devices entered the market much earlier than SIP devices and 

the investment in H.323 by vendors and customers may prevent wholesale migration to 

SIP. 

2.4 Other Real-Time Internet Telephony Related Protocols 

Besides the above discussed internet telephony data transport protocol and signaling 

protocols, there are still some other important protocols related to Internet Telephony to 

support essential aids in QoS improvement and system deployments. Such as the RSVP 

protocol can make resource reservation for the Internet Telephony voice streams, the RTSP 

protocol can provide a VCR-style remote control for Internet audio and video streams, the 

STUN/SBC protocol can enable the Internet Telephony streams to penetrate firewalls 

without extra modifications to end user’s security settings, etc. 
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2.4.1 Resource Reservation Protocol: RSVP 

In September 1997, the RSVP (ReSerVation Protocol) was proposed to enhance the current 

Internet architecture with support for Quality of Service flows [36]. RSVP is a signaling 

and resource reservation protocol that requests a certain amount of bandwidth and latency 

in every network hop that supports it. The RSVP protocol is used by a host to request 

specific qualities of service from the network for particular application data streams or 

flows. RSVP is also used by routers to deliver quality-of-service (QoS) requests to all 

nodes along the path(s) of the flows and to establish and maintain state to provide the 

requested service. RSVP requests will generally result in resources being reserved in each 

node along the data path.  

The working mechanism of the RSVP protocol is that:  a host uses RSVP to request a 

specific Quality of Service (QoS) from the network, on behalf of an application data 

stream. RSVP carries the request through the network, visiting each node the network uses 

to carry the stream. At each node, RSVP attempts to make a resource reservation for the 

stream. To make a resource reservation at a node, the RSVP daemon communicates with 

two local decision modules, admission control and policy control. Admission control 

determines whether the node has sufficient available resources to supply the requested 

QoS. Policy control determines whether the user has administrative permission to make the 

reservation. If either check fails, the RSVP program returns an error notification to the 

application process that originated the request. If both checks succeed, the RSVP daemon 

sets parameters in a packet classifier and packet scheduler to obtain the desired QoS. The 
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packet classifier determines the QoS class for each packet and the scheduler orders packet 

transmission to achieve the promised QoS for each stream.  

A primary feature of RSVP is its scalability. RSVP scales to very large multicast groups 

because it uses receiver-oriented reservation requests that merge as they progress up the 

multicast tree. The reservation for a single receiver does not need to travel to the source of 

a multicast tree; rather it travels only until it reaches a reserved branch of the tree. While 

the RSVP protocol is designed specifically for multicast applications, it may also make 

unicast reservations. 

RSVP is also designed to utilize the robustness of current Internet routing algorithms. 

RSVP does not perform its own routing; instead it uses underlying routing protocols to 

determine where it should carry reservation requests. As routing changes paths to adapt to 

topology changes, RSVP adapts its reservation to the new paths wherever reservations are 

in place. This modularity does not rule out RSVP from using other routing services. 

Current research within the RSVP project is focusing on designing RSVP to use routing 

services that provide alternate paths and fixed paths.  

2.4.2 Real-Time Streaming Protocol: RTSP 

The Real Time Streaming Protocol (RTSP) is an application-level protocol for control over 

the delivery of data with real-time properties. RTSP provides an extensible framework to 

enable   controlled, on-demand delivery of real-time data, such as audio and video. Sources 

of data can include both live data feeds and stored clips. This protocol is intended to control 
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multiple data delivery sessions, provide a means for choosing delivery channels such as 

UDP, multicast UDP and TCP, and provide a way for choosing delivery   mechanisms 

based upon RTP 2326 [45].  

However, the RTSP protocol does not typically deliver the continuous streams itself. In 

another word, the RTSP acts as a VCR-style network remote controller for multimedia 

servers. The streams controlled by RTSP may use RTP protocol for the media data 

delivery, but the operation of RTSP does not depend on the transport mechanism used to 

carry continuous media. The RTSP protocol is intentionally similar in syntax and operation 

to HTTP/1.1 protocol so that extension mechanisms to HTTP can in most cases also be 

added to RTSP.  

By using the RTSP protocol, a media server offers playback or recording functionality of 

media. A client can use RTSP to interact with such type of server. RTSP protocol supports 

the following operations [45]: 

• Retrieval of media from media server: A client can retrieve media stored on the 

media server. This media will then be sent back to the client. The request 

presentation description may be through HTTP or other method. 

• Invitation of media server to a conference: A media server can be invited to join 

an existing conference, either to play back media into the presentation or to record 

all or a subset of the media in a presentation. This function is useful for distributed 

teaching applications. Several parties in the conference may take turns pushing the 

remote control buttons. 
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• Addition of media to an existing presentation: The server and client and notify 

each other when additional media has become available during the live 

presentations. 

2.4.3 Network Address Translation (NAT) and Firewall Traversal Issues 

Firewalls are a staple of security in today’s Internet and are usually the first line of defense 

against potential attackers for a LAN, WAN or the single computer. Firewalls work by 

blocking traffic deemed to be invasive or intrusive. Processing of traffic is determined by a 

set of rules programmed into the firewall by the network administrator.  

Most VoIP traffic travels across the UDP ports since RTP/UDP/IP protocols are used to 

transport the real-time voice stream. Moreover the RTP protocol may use dynamic UDP 

ports to transport voice data. Firewalls typically process such traffic using packet filtering 

technique, which investigates the packet headers of each packet attempting to cross the 

firewall and uses the IP address, port numbers, and other flags contained therein to 

determine the packet’s legitimacy. In this way, the firewall posts extra delay and jitter to 

the real-time voice packets stream, resulting adverse effect to the QoS of the Internet 

Telephony system. 

Network Address Translation (NAT) is a technique to change the outging IP headers from 

private LAN address to the router’s global IP. This tool can be used to provide security and 

enable several endpoints within a LAN to share the same IP address.  In NAT, the 

TCP/UDP headers themselves are converted.  This allows several computers to 
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simultaneously share the router’s global IP address which is extremely useful in regions 

short of IP addresses. Also the NAT provide an added layer of security for a LAN by 

making internal IP address inaccessible on the public Internet.   

However, both the Firewall and NAT devices make it difficult for incoming Internet 

Telephony calls to be received by a terminal behind the firewall/NAT. Both firewall and 

NAT affect the QoS by posting extra checking delay, jitter and even devastation with the 

RTP stream. To solve problem of the Internet Telephone calls penetrating through firewall 

and NAT devices, several solutions have been proposed by now. In the March of 2003, J. 

Rosenberg etc. proposed the Simple Traversal of UDP Through Network Address 

Translators (STUN) at RFC 3489 [46]. The STUN is a lightweight protocol that allows 

applications to discover the presence and types of NATs and firewalls between them and 

the public Internet. It also provides the ability for applications to determine the public IP 

addresses allocated to them by the NAT.  STUN works with many existing NATs, and does 

not require any special behavior from them. As a result, it allows a wide variety of 

applications to work through existing NAT infrastructure. The detailed operations of the 

STUN can be found in RFC 3489 [46]. 

Another possible solution to this problem proposed recently is to use the Session Border 

Controllers (SBC) [47]. A SBC is a VoIP session-aware device that controls call admission 

to a network at the border of that network, and optionally performs a host of call-control 

functions to ease the load on the call agents within the network.   SBCs usually sit between 

two service provider networks in a peering environment, or between an access network and 
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a backbone network to provide service to residential and/or enterprise customers. They 

provide a variety of functions to enable or enhance session-based multi-media services 

such as VoIP. These functions include:  

• perimeter defense (access control, topology hiding, DoS prevention, and detection);  

•  functionality not available in the endpoints (NAT traversal, protocol interworking 

or repair);  

• network management (traffic monitoring, shaping, and QoS).  

The detailed description about the SBC can be found in the IETF 2005 Internet Draft [47]. 
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CHAPTER 3  TRAFFIC MODELING FOR WIRELESS LAN 

3.1  Related Work in Wireless Network Traffic Modeling 

3.1.1 Current Network Traffic Modeling Studies  

Traffic characterization and modeling are generally viewed as important first steps towards 

the analysis and control of network performance. Basically, there are two types of traffic 

modeling approaches. One approach is driven by building some analytical models for the 

complex network systems. Another approach is based on studying the measured real world 

traffic traces and fitting models based on those real world traces. 

The analytical approach is to use some state-space based analytical models to describe each 

network traffic system components, such as the traffic sources, router queues, media access 

control schemes, etc. to derive the mathematical descriptions of whole network traffic 

characteristics, typically queuing theories applied [48]. The good point with this approach 

is that it is easy to model, analyze, and compute for those well-structured, closed-form 

analytical models. This approach can provide guidance in the design stage of network 

deployment. State-space models are Markovian in nature and their dynamic or evolution 

through time is quite transparent. Consequently, the calculations needed to implement such 

models are recursive (e.g., using Kalman filtering). However, this type of approach has 

some inherent drawbacks. To build a feasible mathematical model, some simplification 

assumptions have to be made, which may not be true in real applications, such as infinity-

capacity buffer, ideal modeling of traffic source (exponential distribution or Markov 

assumptions), stationary statistic for traffic models etc[48] [49]. Moreover, accurate 

analytical modeling requires that the distributions of traffic statistics such as inter-arrival 
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and inter-departure time at each individual link are known, which is rarely true in the 

Internet. Considering the complexity of the Internet and the unclear impact of issues 

involved, especially for wireless channel link, it will be more convenient to use “black box” 

modeling approach which is based on real traffic traces for complex network traffic 

modeling [50]. 

The network trace measurement based approach is to use real network traffic measurement 

observation (traces, logs) to construct fitting time series mathematical models and then 

apply that model for future traffic prediction. The strength of this approach is that it can use 

real network traffic histogram data and network traces. Moreover, time series models are 

cheaper to develop, easier to utilize and update. It is easy to be applied to real-time network 

application. However, there won’t be an universal fitting mathematical model which can fit 

all different kinds of network traffic sceneries during all the time since the network traffic 

are dynamically evolving during the time. And this calls for a need of pattern detection 

process which can dynamically detect the change of model parameters or even model 

structure itself online.  

There have been several different models proposed to model and predict the dynamics of 

real network traffic trace statistics, including the classical AR, MA, ARMA, ARMAX and 

ARIMA models [51][52][54], fractional ARIMAs[55][56], threshold autoregressive (TAR) 

nonlinear models[57], and simple models such as windowed average. In [51], Morita et al. 

modeled the Ethernet LAN round trip time dynamics using the ARX model and found that 

the ARX model can accurately model the round trip time dynamics. In [54], Sang et al. 
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investigates the predictability of network traffic by deriving the upper/lower bound of 

prediction interval/error for some representative traffic traces collected from real network. 

They analyzed two types of popular models: the ARMA model and the Markove 

Modulated Poisson Process (MMPP) for perdition. In their study, Sang [54] found that the 

Internet trace can be well matched by ARMA(23, 22), ARMA(15,14) and ARMA(3,2) 

when the sliding window size of traffic sampling is set as 1sec, 4 sec and 10 sec 

respectively. Also, they found out that traffic low-pass filtering (sampling) and 

multiplexing (aggregating) can bring better predictability. A proper traffic measurement 

interval or sampling rate has critical effect on prediction. In [55], Shu et al. applied the 

seasonal ARIMA models to model and predict the measured GSM traces of China Mobile 

of Tianjin. Shu’s experiments results showed that the fractional ARIMA model is a good 

traffic model capable of capturing the properties of real GSM wireless traffic. In  [57], You 

and Chandra found that the aggregated TCP network traffic traces collected from a campus 

site exhibited both nonstationary and nonlinear features. They derived a stationary traffic 

stream by filtering a subset of TCP based aggregated traffic. And then use the nonlinear 

threshold autoregressive process to model the filtered stationary traffic stream. Their 

modeling results showed good agreement with the measurement traffic in the packet loss 

statistics. 

In the meanwhile, recent Internet traffic measurement research has revealed strong self-

similar characteristic in packet network traffic [58]. Research over the last decade has 

provided strong evidence that the self-similarity arises from the heavy-tailed distributions 

that characterize data traffic source activity. In [60], Leland et al. studied the Ethernet 
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traffic, and found that Ethernet LAN traffic was statistically self-similar, and none of the 

traditional commonly used traffic models was able to capture this fractal-like behavior. 

And even more, the aggregating streams of such traffic typically intensified the self-

similarity (“burstiness”) instead of smoothing it. Their conclusions were supported by a 

rigorous statistical analysis of hundreds of millions of high quality Ethernet traffic 

measurements, coupled with a discussion of the underlying mathematical and statistical 

properties of self-similarity and their relationship with actual network behavior. In [61], 

Crovella also found that the WWW traffic has strong self-similarity and showed that such 

self-similarity could be explained based on the underlying distributions of WWW 

document size, the effects of caching, user preference in file transfer, the effect of user 

“think time” , and the superimposition of many such transfers in a local-area network. 

Another important characteristic of the network traffic, especially the wireless LAN traffic, 

is the burstiness or “spikes”.  As early as in 1993, Bolot [62] analyzed the conditional 

property of the network round tip delays of consecutive packets. Their conclusion is that 

such delays have a random variation in lightly loaded conditions, and when background 

traffic load is high, consecutive delays often exhibit “spikes”. A delay spike is a sequence 

of delays that start with a high delay and then decreases almost linearly thereafter. Actually, 

researchers [60][61] already found that network traffic is often bursty on a wide range of 

time scales in the presence of long-range dependence. In 2002 Jiang and Schulzrinne 

modeled the packet loss under bursty traffic and their effect on real-time multimedia 

service quality [63][64]. They’ve found out that packets loss can exhibit temporal 

dependency on bursts. To characterize the burstiness, they proposed the extended Gilbert 
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Model and the inter-loss distance (ILD) metric to characterize temporal loss dependency.  

For delay, they introduced a metric called the conditional complementary cumulative 

distribution function. And they found that the conditional CDF to be a simple and useful 

metric.  

3.1.2 Current Wireless LAN Traffic Modeling Studies 

Wireless LANs are increasingly popular in both public and private places. The most widely 

deployed wireless LANs are the IEEE 802.11 wireless LAN (or called Wi-Fi). The 

successful deployment of large WLAN networks, together with new multimedia services, 

calls for the understanding the traffic models and usage patterns of the WLAN network and 

related services. Thus, besides the traffic modeling and analyzing research in broadband 

Internet, high speed Ethernets and WWW, there are also some researches emerged for the 

802.11 wireless LAN Traffic from different angles recently. Another reason is that 

previously network traffic modeling results cannot be directly applied into the wireless 

LANs due to the difference in their MAC (Medium Access Control) protocol 

implementation. The wireless LAN’s MAC mechanism is based on CSMA/CA (Carrier 

Sense Multiple Access / Collision Avoidance), while the traditional Ethernet MAC 

mechanism is based on CAMS/CD (Carrier Sense Multiple Access / Collision Detection).  

Some researchers focused on building the wireless LAN traffic models from the aspects of 

communication channel modeling. The wireless LAN communication channel can be 

modeled at different layers, i.e., the physical layer and the link layer. The wireless physical 

layer channel can be modeled by a finite-state Markov chain, whose states are 
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characterized by different BERs[67]. In [68], Zorzi et al. demonstrated that Markov model 

is an approximating on block transmission over a slowly fading wireless channel.  In 

general, based on existing physical-layer channel models, it is very complex to characterize 

the relationship between the control parameters and the calculated QoS measures. This is 

because the physical-layer channel models do not explicitly characterize the wireless 

channel in terms of the link-level QoS metrics, such as data rate, delay and delay violation 

probability [69].  Recognizing such limitations of the physical-layer models, some attempts 

have been made to move the channel model up in the protocol stack, from physical layer to 

link-layer. In [70], Wu and Negi proposed the effective capacity channel model. This 

model captured the effect of channel fading for the link queuing behavior using a 

computationally simple yet accurate model. Thus it can be a critical tool for designing 

efficient QoS provisioning mechanisms.  

In 2003, Gary et al. [71] made an experimental study on the throughput of 802.11b wireless 

LAN for UDP and VoIP traffic, from the perspective of number of connections that a 

single access point can support. Their results showed that the maximum data throughput of 

a single station sending out UDP traffic is 6.1 Mbps. The maximum number of VoIP calls 

in a single cell of an 802.11b network is six if the ITU G7.11 codec is used with 10 

millisecond seconds voice data per RTP packet. They also showed that the effective 

available bandwidth in the wireless network is reduced by ongoing VoIP connections.  

Also some research groups have done lots of extensive 802.11 wireless LAN traffic 

monitoring experiments and analyzed the WLAN usage patterns [72][73]. The most 
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extensive studies of corporate or campus wireless LAN networks in terms of scope is 

probably the work by Henderson [72] et al. in 2002 and 2004. They analyzed an extensive 

network trace from a mature 802.11 WLAN in Dartmouth College, which including more 

than 550 access points and 7000 users over seventeen weeks in 2004. They also compare 

the trace to the one taken after the network’s initial deployment two years ago. They found 

that the applications used on the WLAN changed dramatically. Initial WLAN usage was 

dominated by Web traffic while new traces shows significant increases in peer-to-peer, 

streaming multimedia and VoIP traffic. As their study indicated that for the same WLAN, 

it may experience dramatic changes and increases in applications and devices used on the 

network within two years. Also, in their study, VoIP over wireless LAN usage mirrors 

general network usage. The VoIP population was static and VoIP users made short calls. 

The median VoIP call duration was 42 second.  Some other group conducted similar 

experiment and had similar conclusions. For example, in 2004 McNett [74] etc. installed a 

tool on wireless PDAs, and used this to collect detailed mobility and session-level data for 

272 residential users over an 11 week period on the UCSD wireless LAN.  They analyzed 

the mobility patterns of wireless PDA users and found similar session behavior, mostly 

short sessions as [72]. Another example comes from Tang’s [73] experiments about a 

twelve-week trace of a building-wide wireless LAN in Stanford for overall user behavior, 

overall network traffic and load characteristics, which derived similar results.  

However, all of the studies in [72], [73] and [74] were focused on user usage pattern 

analysis and didn’t provide detailed QoS data, especially for the detailed Qos data for 

wireless VoIP traffic. They didn’t give or analyze any delays, packet loss, and jitters logs in 
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a specific VoIP call session. The analysis they provided is more like long term background 

traffic analysis. Even [71]’s study was also limited in wireless LAN capacity analysis and 

didn’t go into the details of packet delay and loss modeling and prediction analysis. 

In 2003, Oliveira etc. [75] empirically studies the long-range dependence properties in IEEE 

802.11b wireless LAN traffic. They used the Hurst (H) parameter to measure the degree of 

long-range temporal dependence. Their results indicated the presence of long-range 

dependence in wireless network traffic at all levels of traffic load. They also found out that 

higher traffic load has higher degree of long-range dependence, and shorter sampling 

interval also indicates higher degree of long-range dependence. However, their empirically 

study emphasized on testing for the presence, source and degree of long-range dependence 

in wireless LAN traffic. Moreover, they only studied the time series for the number of 

bytes per unit time, i.e., they only studied the traffic amount through the wireless LAN. 

They didn’t study the wireless LAN packet delay, packet loss and delay jitter, such kinds of 

network statistics. And they didn’t propose any efficient algorithms to model and predict 

the wireless LAN traffic statistics in further. Another weakness in their experiments is that 

they didn’t test the dynamic link capacity scenario of wireless LAN which is common in 

wireless communications, especially when users are moving instead of being fixed at 

particular positions.  

3.1.3 Motivations for Effective Online WLAN Traffic Modeling Techniques 

In recent years, we have witnessed a fast growing of wireless LAN technology and its 

related applications. As an example, Google Inc. just promised to provide free Internet 



61 

  
  

services via wireless LAN (WiFi) technology for the entire city of San Francisco on 

October 1, 2005. The service aims to test a range of new services and applications around 

the hilly city, which is home to more than 700,000 residents. If this comes true in the near 

future, lots of wireless Internet applications such as wireless Internet Telephone would be 

greatly promoted. It will be quite predictable that the next generation WiFi-Based wireless 

Internet cellphone will become dominant in coming years.  

However, as we known that the Quality of Services is still a big issue which blocks the 

wide-deployment of wireless Internet telephones system. Especially, the packet loss, packet 

delay and the delay jitter will greatly degrade the voice quality of Internet telephony 

system. Thus it is important to study the wireless LAN traffic characteristics and develop 

efficient yet accurate traffic modeling and prediction algorithms for the dynamic wireless 

LAN traffic statistics about packet loss, delay, and delay jitter.  

As discussed in section 3.1.1 and 3.1.2, although lots of research have been done in Internet 

traffic, wide area back bone traffic, high speed Ethernet, and WWW traffic modeling, 

further detailed research work is still needed for the wireless LAN traffic modeling. 

However, current wireless traffic modeling research are either based on communication 

channel modeling approach[65][67][68][69] which is not flexible enough for the real world 

dynamic changing wireless channel capacity, user’s random mobility and dynamic 

background traffic, or are based on real traffic measurement approach but are just limited at 

usage pattern analysis [72][73][74][75] and never extend the study to detailed packet delay 

and loss pattern analysis and prediction.  
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Thus, we need to propose an effective and accurate method to model and capture the 

dynamics of packet delay, packet loss, and delay jitter statistics under the complex and 

dynamic wireless LAN environment.  

3.2 Proposed Experimental Setup for Wireless LAN Traffic Modeling 

The purpose of this experiment is to collect extensive 802.11 wireless LAN traffic 

sampling data under various network topologies, different background traffic loads, and 

dynamic wireless link capacities. The traffic data logged include the packets Round-Trip-

Time in UDP channel, packets loss rate, background traffic generator distribution 

parameters, wireless NIC (Network Interface Card) received signal strength and quality, 

and wireless NIC recorded statistics such as dynamic channel capacities and transmit retries 

and receive errors etc.  

With the aid of the logged network traffic information, typically in terms of RTT, delay 

jitter and packet loss rate under different network traffic conditions, we are trying to find 

some mathematical or hybrid mathematical models which can accurately and effectively 

capture the dynamic changing of such traffic statistics so that these models can provide 

accurate prediction on packet delay, delay jitter and packet loss rate for real-time 

applications. One of these applications is the wireless Internet telephony system. The 

prediction results can be directly used in the jitter buffer playout schemes and the packet 

loss concealment schemes in Internet telephony systems. 
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To make the collected traffic data more convincing, we varied the 802.11 wireless LAN 

environments setting in the following ways. Firstly, we alternatives the wireless LAN 

topologies between one single wireless LAN intra-traffic and two wireless LANs inter-

traffic. Secondly, we collected the traffic data statistics under different background traffic 

loads. Lastly, we dynamically changed the wireless LAN link capacity by moving around 

the wireless station randomly away from the access point.  

3.2.1 Alternate Wireless LAN Network Topologies 

Generally speaking, there are two types of traffics in the 802.11 wireless LAN: traffic 

within the same WLAN and traffic out of sender’s WLAN. Correspondingly, in real world 

wireless LAN deployment schemes, office wide WLAN traffic mostly belongs to traffic 

within the same WLAN, while building wide or corporation wide WLAN traffic are 

classified into two wireless LANs inter-traffic. To collect extensive and typical wireless 

LAN traffic data, we setup the following two corresponding types of wireless LAN 

topologies: the office-wide single 802.11 wireless LAN topology and the building-wide 

802.11 wireless LANs topology.  

The office wide WLAN topology setup is showed as the following Figure 3.1. In this 

scenario, an 802.11b wireless router serves nine wireless workstations and four wired 

workstations in the CERL lab. The wireless station W1 will send VoIP packet to wireless 

station W2 at a constant rate of 20ms per packet at UDP port 4000. The packet size is fixed 

at 50 bytes. Every VoIP packet includes a W1 local time stamp and a sequence number. 

Once W2 receive W1’s packet, it will echo it back to W1 at UDP port 4001. When W1 
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received the echoed VoIP packet at UDP port 4001, W1 will log this packet’s sequence 

number, sending timestamp and receiving timestamp to log file. In this way, the VoIP 

packet Round-Trip-Time and packet loss rate can be precisely obtained. Moreover, these 

VoIP packets travel the UDP channel the same as RTP protocol defined. This is appealing 

since most current network traffic measurement schemes use ICMP probing packets which 

may travel or be treated differently from the real-time voice packet.  

 

 

 

 

 

 

Figure 3.1, Office-wide wireless LAN traffic collection experimental setup 

In the above setting, W2, W3 ,…, W9 are background traffic generators. Some or all of 

them will shoot different types of background traffic to W2, W3 and W4 according to the 

background traffic generation plans defined in section 3.2.2. Any background packets 

received by W2, W3 and W4 will be echoed back to its original sender at the original UDP 

port number plus one.  
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In the meanwhile, to mimic the dynamical changing of wireless LAN link capacity, W1 are 

set to be randomly walked away from the wireless router so that wireless link capacity can 

be dynamically changed between 1Mbps/2Mbps/5.5Mbps/11Mbps. The details about the 

dynamical link capacity change are presented in section 3.2.3.  

Another issue regarded to the experiment setup is how to accurately measure the end-to-

end delay between two different computers. For direct measurement of the end-to-end 

delay, time synchronization of the two end computers is required. Currently, there are two 

major approaches available to achieve the time synchronization for different computer 

connected in the network. One is to use GPS signal to synchronize the clock in every 

computer which is quite costive in real applications. Another approach is to use the 

Network Time Protocol to continuously sending synchronization packets over the network 

so that all the computers can be synchronize with a common NTP time server. The NTP 

approach will inject lots of time synchronization packets over the network, which may 

seriously degrade the network available bandwidth and even more seriously for the 

wireless LAN system because of the CSMA/CA MAC mechanism. Moreover, according to 

our experiments using the NTP approach at the wired Ethernet, the synchronization error 

can be as large as 20ms which is totally unacceptable, not mention to the NTP over 

wireless LAN which should be even worse. Due to the above reasons, we propose to use 

the packet round trip time (RTT) to estimate the network end-to-end delay. The assumption 

for using 2/RTT  as the estimated one-way end-to-end delay is that the network link is bi-

directional symmetric which may be not correct in some real world scenarios. However, 

that’s the best way we can do at this time. Moreover, the proposed traffic modeling and 
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predicting techniques are irrelevant with what kind measurement approach we adopt. Thus, 

the adoption of using RTT doesn’t hurt the ground of the proposed wireless LAN traffic 

modeling and predicting methods. 

The second type of WLAN topology setup is as the building wide WLANs showed in the 

following Figure 3.2. In this scenario, an 802.11b wireless router is set up in room 401 

(CERL Lab) at the fourth floor of the ECE building. This wireless router serves eight 

wireless workstations and four wired workstations in the CERL lab. The WAN port of this 

wireless router is connected to the ECE Ethernet Network. In the meanwhile, an 802.11b 

wireless Access Point is deployed in room 104 at the first floor of ECE building. This 

wireless Access Point is connected to the ECE Ethernet network and serves several 

wireless workstations in the first floor.  The wireless station T1 at floor one will send VoIP 

packets to the CERL 802.11 wireless router at floor four. Any incoming packets to port 

4000 in this wireless router will be directed to W2. The sending packet rate of T1 to W2 is 

set at a constant rate of 20ms per packet at UDP port 4000. The packet size is 50byes. 

Every VoIP packet includes a T1 local time stamp and a sequence number. Once W2 

receive T1’s packet, it will echo it back to T1 at UDP port 4001. When T1 received the 

echoed VoIP packet at UDP port 4001, T1 will log this packet’s sequence number, sending 

timestamp and receiving timestamp to the log file. In this way, the VoIP packet Round-

Trip-Time and packet loss rate can be precisely obtained.  
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Figure 3.2, Building-wide wireless LAN traffic collection experimental setup 

In this building-wide WLAN topology setting, the CERL Lab wireless LAN at the fourth 

floor will encounter controlled wireless background traffic. The WLAN in the first floor 

will just have as-it-is wireless background traffic. In the CERL wireless LAN, W2, W3, …, 

W9 are background traffic generators. Some or all of them will shoot different types of 

background traffic to W2, W3 and W4 according to the background traffic generation plans 

defined in section 3.2.2. Any background packets received by W2, W3 and W4 will be 

echoed back to its original sender at the original UDP port number plus one.  

Also to mimic the dynamical changing of wireless LAN link capacity, T1 are set to be 

randomly walked away from the wireless access point at floor one so that wireless link 
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capacity can be dynamically changed between 1Mbps/2Mbps/5.5Mbps/11Mbps. The 

details about the dynamical link capacity change are discussed in section 3.2.3.  

3.2.2 Wireless LAN Background Traffic Generation 

Background traffic is very important for the traffic modeling and prediction since it can 

heavily affect the communication link’s available bandwidth and queuing delay. However, 

The background traffic of wireless LAN keep on changing and evolving according to 

Henderson’s extensive wireless LAN experiments [72] and our preliminary wireless LAN 

capacity monitoring experiments in the ECE building at University of Arizona. Thus it is 

impossible to generate one universal type of background traffic which can fit in all different 

scenarios and applications. And this calls for the need of fast and adaptive traffic models 

and predictors that can dynamically capture the changes of wireless link capacities and end-

to-end delays.  

In our WLAN experiments, we utilize current Internet traffic modeling results to produce 

different types of wireless LAN background traffic and inject them into the wireless LAN 

experiment platform. According current Internet traffic, WAN traffic, and WWW traffic 

studies, the network traffic flows can be approximated as Markov Modulated Poisson 

Process or some heavy-tailed distributions models[51][58][62]. Thus, we’ve developed a 

background traffic generation application tool to generate different types of traffic stream 

patterns at different types of interval and packet size.  
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This background traffic generator is called UdpPing and is very flexible to generate 

different types of UDP traffic flow follows various types of distributions. Users can specify 

different types of distributions and corresponding parameters for both each packet size and 

the transmission interval time between packets. The time resolution of this application can 

be achieved within 1 Millisecond using the techniques of performance counters in 

conjunction with the system time clock [76]. Moreover, this traffic generator provides 

VoIP silence suppress option to let the traffic flow alternative between on period and off 

period to mimic behavior of human voice speech flow. Actually, when the packet interval 

time are set to follow Poisson Process, the silence suppress option is selected, and the 

ON/OFF period follows another exponential distributions, the generated traffic flow will be 

a Markove Modulated Poisson Process. Every packet generated by the UdpPing will 

include a local generation time stamp and a sequence number.  

The UdpPing tool comes with another compliant tool called UdpRelayer. The UdpRelayer 

is used to echo any UdpPing packet back to the sender at the received UDP port plus one. 

For example, when the UdpPing send a UDP packet flow at the specified packet size and 

specified intervals to the UdpRelayer at port 4000, the UdpRelayer will echo those UDP 

packets back to the original sender at UDP port 4001. The UdpRelayer will also record the 

information about every packet it relayed into the log file in terms of packet source 

destination, generation timestamp, local relayed time and packet sequence number. Once 

the UdpPing received the echoed packet, it will record this packet sequence number, 

generation timestamp, and received time to the log file. The packet flow between UdpPing 
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and UdpRelayer is very similar to the RTP/RTCP protocols. Under this mechanism, the 

UdpPing can collect correct statistics of packet Round-Trip-Time and packet loss rate. 

The screen shots of the UdpPing and UdpRelayer are as Figure 3.3 and Figure 3.4. 

 

Figure 3.3, Screenshot of UdpPing tool 
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Figure 3.4, Screenshot of UdpRelayer tool 

Generally speaking, we can classify the wireless LAN background traffic into the following 

three types: heavy load, medium load, low load, and mixed changing load. We collect and 

study the network traffic statistics in terms of packet end-to-end delay, packet loss rate and 

packet delay jitters under these different types of background traffics. 

As shown in Figure 3.1 and Figure 3.2, in the CERL wireless LAN, there are 8 background 

traffic generators (From W2, W3,…, to W9). Among them, W2, W3, and W3 also act as 

traffic relayers. The traffic flows generated by these wireless workstations are defined as 

Table 3.1.  
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Wireless 

Workstation 

Packet Size 

Distribution 

Packet 

Interval 

Distribution 

Silence Suppress 

Options 

Packets 

Destination 

W1/T1 Fixed 50 bytes Fixed 20ms No Silence 
Suppress W2 

W2 Fixed 100 bytes Fixed 40ms No Silence 
Suppress W3 

W3 Poisson,  
Mean 300bytes 

Poisson,  
Mean 100ms 

ON: Poisson 
(2 sec) 

OFF: Poisson 
(3 sec) 

W2 

W4 Poisson,  
Mean 80bytes 

Poisson,  
Mean 30ms 

ON: Poisson 
(3 sec) 

OFF: Poisson 
(4 sec) 

W2 

W5 Poisson,  
Mean 300bytes 

Poisson,  
Mean 100ms 

No Silence 
Suppress W3 

W6 Poisson,  
Mean 200bytes 

Poisson,  
Mean 50ms 

ON: Poisson 
(2 sec) 

OFF: Poisson 
(3 sec) 

W4 

W7 Fixed 200 bytes Fixed 50ms No Silence 
Suppress W4 

W8 Poisson,  
Mean 100bytes 

Poisson,  
Mean 20ms 

ON: Poisson 
(2 sec) 

OFF: Poisson 
(3 sec) 

W3 

W9 Fixed 100 bytes Fixed 40ms No Silence 
Suppress W3 

 
Table 3.1, Background traffic generation plans 

In the 802.11 wireless LAN, when W1 send traffic to W2, there are one uplink from W1 to 

the wireless router and one downlink from the wireless router to W2. And if W2 echoes the 
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packets back to W1, there will be another one uplink and one downlink. Thus, one packet 

flow generated by the UdpPing to a UdpRelayer will result in 2 uplinks and 2 downlinks. If 

all these nine wireless workstations generate packets at the same time, there will be 18 

wireless uplinks and 18 wireless downlinks within the same wireless LAN simultaneously.   

According to Wang’s analysis and simulation results [77] for the VoIP system capacity in a 

802.11b wireless LAN, the maximum number of VoIP sessions for a 802.11b wireless 

LAN is 12. And this number is an upper bound estimation result, which does not consider 

any transmission collisions and transmission retries. And in Wang’s scenario, one VoIP 

session means only one wireless uplink and one wireless downlink. In our scenario, one 

UdpPing session will result in two uplinks and two downlinks. In other words, the 

maximum number of Udping sessions in our experiments should be six if low packet 

delays and packet loss rate are expected.  

In our experiment, we will inject different levels of traffic flows into the wireless LAN to 

collect and study the wireless link statistics in terms of packet loss rate, round trip time, and 

delay jitters. We classify the background traffics into four different levels: heavy load, 

medium load, low load, and mixed changing load. Heavy load means the wireless LAN 

traffic is crowded and the bandwidth demand exceeds the effective capacity that the 

wireless router can supply. Medium load means that there are several sessions 

simultaneously ongoing in the WLAN, however, the bandwidth demand doesn’t exceed the 

system capacity.  Light load means there are only few sessions are active to use the 
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bandwidth. While in the mixed changing load, we alternate the traffic load between light 

load, medium load and heavy load along with the time. 

Actually, according to Oliveira’s empirical study [75] in 2003, long-range dependence is 

present in the 802.11b wireless LAN traffic at all levels of traffic load. Moreover, in 1997, 

Willinger etc. [78] found that the superposition of many ON/OFF sources exhibiting the 

high variance syndrome (the so-called “Noah effect”) resulting in self-similar aggregate 

traffic (the so-called “Joseph effect”, i.e., self similarity or long range dependence). In our 

background traffic generation setup, the ON/OFF option in the traffic generator enabled the 

sound ground of our WLAN background traffic shooting. 

For heavy load background traffic, we let all of the 8 packet generators send packet flows 

at the same time. During the one-hour experiment, two of the eight packet generators, W8 

and W9, may stop sending and then resume to send after several minutes. The background 

traffic generation plan is illustrated as Figure 3.5. 
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Figure 3.5, Heavy load background traffic generation plan 

For medium load background traffic, we let W2, W3, W4, W5 and W6 send packet flows 

at the same time. During the one-hour experiment, three of these five packet generators, 

W4, W5 and W6, may stop sending and then resume to send after several minutes. The 

background traffic generation plan is illustrated as Figure 3.6. 
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Figure 3.6, Medium load background traffic generation plan 

For medium load background traffic, we let W2, W3, W4 send packet flows at the same 

time. During the one-hour experiment, two of these three packet generators, W2, W3 and 

W4, may stop sending and then resume to send after several minutes. The background 

traffic generation plan is illustrated as Figure 3.7. 
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Figure 3.7, Low load background traffic generation plan 

For the dynamic mixed load background traffic, we arranged the background traffic 

generators work as Figure 3.8. 
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Figure 3.8, Mixed load background traffic generation plan 

In our experiments, all of the background traffic generators have excellent wireless signal 

strength and quality. In other words, all the background traffic workstation uses 11Mbps 

channel speed to send packets. 

3.2.3 Dynamic Wireless LAN Link Capacity Scenarios 

In real world wireless Internet telephony applications, the users are not supposed to be 

fixed in one position. The users may walk around away from the wireless access point 

randomly, which results in the wireless signal quality and link capacity dynamically 

changing among 11Mpbs, 5.5Mbps, 2Mpbs and 1Mbps. Thus, it is important to study and 
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model the packets delay and packet loss statistics when wireless LAN link capacity 

dynamically changing.  

In this section, we discuss how to set up a mobile scenario to mimic the wireless LAN link 

capacity dynamically changing and how to collect typical traffic statistic data for further 

traffic modeling and validating usage. This group of collected data can be used to test 

whether the proposed wireless LAN traffic modeling algorithms can detect and capture the 

dynamic changing of wireless link capacity or not from the measured packet delays and 

packet loss rate directly. 

The traffic statistics data we collected include the UdpPing tool logged files, UdpRelayer 

tool logged files and the 802.11 wireless network interface card log files. The UdpPing tool 

log files recorded every packet sent out time, received time and sequence number. The 

UdpPing log files are used to generate the packet Round-Trip-Time, which is used to 

approximate the packet one-way end-to-end delay. The UdpRelayer log files recorded 

every relayed packet’s source IP address, packet generation timestamp, packet relayed time 

and sequence number. The UdpRelayer log files can be used to generate the packet loss 

information in terms of packet loss rate and loss patterns. If the UdpRelayer and UdpPing 

are time-synchronized, the UdpRelayer log files can also be used to generate precise packet 

one-way end-to-end delay. The wireless network interface card log files recorded the 

statistics of how many packets transmitted and received using which rate, how many 

transmit retries and received errors etc at every three seconds period. A sample UdpPing 
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log file, a sample UdpRelayer log file and a sample network interface card log file are 

shown in the following Figure 3.9, Figure 3.10 and Figure 3.11 respectively. 

 

Figure 3.9, A sample UdpPing log file 
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Figure 3.10, A sample UdpRelayer log file 

 

Figure 3.11, A sample wireless network interface card log file 

Parsing the wireless NIC log file, we can derive the accurate dynamic wireless link 

capacity curve along the experiment time. The calculation of the real-time wireless link 

capacity is based on the weighted real channel capacities usages. For example, suppose 

during a three second log period, there are totally 150 transmitted. Among those 150 

packets, 130 packets are transmitted using 11Mbps speed, while the other 20 packets are 

transmitted using 5.5Mpbs speed. Thus, we calculate the real wireless link capacity during 
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this three-second period is Mbps267.10150/)5.52011130( =×+× . Combined this link 

capacity dynamic curve with the analysis of logged packet Round-Trip-Time and packet 

loss rate from the UdpPing log file, we can explore how the 802.11 wireless LAN packet 

delays, loss and jitter behave when the WLAN link capacity dynamically changes. 

We did these mobile experiments under different background traffic levels and different 

network topologies as section 3.2.2 and 3.2.1 defined respectively. The recorded 802.11 

wireless link throughput dynamic curves are illustrated as the following figures from 

Figure 3.12 to Figure 3.17.  
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Figure 3.12, Dynamic link capacity of office-wide WLAN under high traffic load 
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Figure 3.13, Dynamic link capacity of office-wide WLAN under low traffic load 
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Figure 3.14, Dynamic link capacity of office-wide WLAN under medium load 
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Figure 3.15, Dynamic link capacity of building-wide WLAN under high traffic load 
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Figure 3.16, Dynamic link capacity of building-wide WLAN under low traffic load 
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Figure 3.17, Dynamic link capacity of building-wide WLAN under medium load 

3.3 Proposed WLAN Traffic Statistics Analysis Methods  

According to Karagiannis’s latest finding in [49], the Internet traffic exhibits both  Long-

Range Dependence (LRD) and the Short-Range Dependence (SRD) characteristics. From 

Karagiannis el. ’s collected Internet traffic traces, they found that current Internet network 

traffic can be well represented by the Poisson model for sub-second time scales; while at 

multi-second time scales, they found a distinctive piecewise-linear non-stationary, together 

with evidence of long-range dependence.  
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In this section, we will discuss the commonly used analysis and modeling methods for both 

the SRD and the LRD (or called self-similar or fractal) traffic characteristics. Moreover, 

some prevailing time series analyzing methods are also covered since the traffic statistics 

we investigate are the packet delay data series, delay jitter series and packet loss series and 

they can be treated as time series data. Also, as the wireless LAN network background 

traffic and user mobility are dynamically changing, which results in the wireless LAN 

traffic statistical changing dynamically, we will also discuss how to automatically detect, 

classify current traffic model and update the model and its parameters.  

At the last part of this section, we summarized our proposed hybrid time series modeling 

and predicting method for the nonstationary wireless LAN traffic data. The proposed 

method hybrids the LRD Hurst Parameter estimation, time series traffic model form 

selection and order adequacy checking, model parameter estimation, data series 

forecasting, and the model change automatic detection.  

3.3.1 Long-Range Dependence Analysis Methods 

In 1994, there was a major paradigm shift in the area of teletraffic modeling after the 

discovery of Long Range Dependence (LRD) in Ethernet LAN traffic by Duffield etc. in 

[59], and the discovery of statistically self-similar of Ethernet LAN traffic by Leland etc. in 

[60]. After these two remarkable papers, lots of researches and studies have ensued 

investing this LRD and scaling phenomenon in modern network traffic. The LRD means 

that the behavior of a time-dependent process shows statistically significant correlations 
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across large time scales; while self-similarity describes the phenomenon that the behavior 

of a process is preserved irrespective of scaling in space or time.  

Suppose }{ tx is a stochastic process, and its autocorrelation function  (ACF) is defined as 

the following: 

2
)])([()(

x

xktxt
x

xxEkr
σ

µµ −−
= +  

ACF measures the similarity between a series }{ tx  and a shifted version of itself }{ ktx + . 

Another useful concept to study the series }{ tx  is the aggregated process }{ )(m
kx  defined as 

the following: 

∑
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where xµ  is the mean and xσ  is the variance. The aggregated process }{ )(m
kx  describes the 

average value of the time series }{ tx  across windows of m consecutive values from the 

original time series. If }{ )(m
kx  were independent and identically distributed, the variance of 

this aggregated process 
m

xVar m
2

)( )( σ
= . However, if the original series }{ tx  exhibits long 

memory, the aggregated process variance )( )(mxVar  will converge to zero at a much 

slower rate than 
m
1 . 
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A common definition of LRD is the slow, power-law-like decrease at large lag of the Auto 

Covariance Function (ACF) of a stationary stochastic process }{ tx  given by the ACF that 

22||~)( −H
rx kckr . 

Where 10 << H  and 
2
1

≠H  

H is usually called Hurst exponent which indicates the degree and presence of LRD in the 

process. If 1
2
1

<< H , we will have ∞=∑
∞

−∞=k
x kr )( , this means the presence of LRD.  A 

process with H equal to 0.5 presents no long-range dependence, such as a process based on 

Poisson distribution. Some degree of long-range dependence is displayed in processes that 

have the value of H greater than 0.5. The larger value of H, the higher is the degree of long-

range dependence.  

In the meanwhile, a stochastic process }{ tx is called self-similar if it follows: 

0>a )()( tXaatX H=   , where 0>a  

a  is called the scaling factor, and H is the Hurst exponent which indicates the self-

similarity degrees.  

The Hurst exponent parameter is very critical to evaluate the presence and degrees of the 

LRD and self-similarity of a stochastic process. Currently, several different types of 

techniques have been developed to estimate the Hurst parameter in time series analysis. 
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Basically, these techniques can be classified into two types: time domain based methods 

and frequency domain based methods.  

The time domain based methods investigate the power-law relationship between a specific 

statistical property in a time series and the time-aggregation block size m: the LRD exists if 

the specific property versus m is a straight line when plotted in log-log scale. The slope of 

the line is an estimate of the estimate of the Hurst parameter. The most commonly adopted 

time domain Hurst parameter estimators are the aggregated variance estimator, and the R/S 

(rescaled range statistic) estimator.   

The aggregated variance estimator is based on the slowly decaying variance of a self-

similar process under aggregation. Given a time series data X  of length N, divided it into 

blocks of length m, and average the series over each block to obtain the aggregated series, 

which is defined as: ∑
+−=

=
km

mki
i

m X
m

kX
1)1(

)( 1)( . Compute the sample variance of the 

aggregated series as ∑ −=
=

mN

k

mm XkX
mN

XVar
/

1

2)()(
^

))((
/
1)( . For successive values of m 

(m=1,2,…), if we plot the sample variance of the aggregated series m on a log-log plot, we 

will derive a straight line with a slope of 2H-2 when the original data series X  has long 

range dependence. In practice, the slope is estimated by fitting a least-squares line to the 

points of the plot. 

The R/S estimator was originated from H.E. Hurst’s study in the problem of long-term 

water flow variations and water storage.  For a time series data }{X  with partial sum of 
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subdivide it into K blocks, each with size N/K. For every lag n, compute 
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i , starting 

at points 1+=
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iNki , ),....(2,1, Nnkiwhere i ≤+= . For values of 
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nR . When we plot ]
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),(log[

nkS
nkR

i

i  versus log(n), we can 

derive the Hurst parameter by fitting a line to those points. The slope of the fitting line 

provides an estimate of the Hurst parameter. 

In the meanwhile, the frequency domain based Hurst estimators examine a time series’ 

LRD presence by checking the data’s spectrum or energy whether follows power-law 

behavior or not in frequency domain. The most commonly adopted frequency domain 

Hurst estimators are the periodogram estimator, the Whittle estimator and the Abry-Veitch 

estimator. 

The periodogram estimator plots the logarithm of the spectral density of a time series 

versus the logarithm of the frequencies. The perodogram is defined as 

2

1

)(
2

1)( ∑
=

=
N

t

itketX
N

kI
π

. The slope of the  log-log plot provides an estimate of H. 
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The Whittle estimator is based on the minimization of a likelihood function, which is 

applied to the Periodogram of the time series }{ tx . The Whittle estimator gives an estimate 

of the Hurst parameter and produces a confidence interval of the estimation. 

The Abry-Veitch estimator[79] is based on the coefficients of a discrete wavelet 

decomposition analysis. The energy of the series in various scales is studied to provide the 

estimate of Hurst parameter. 

Among all of the above Hurst exponent estimators, the Abry-Veitch estimator has some 

advantages, such as computational efficiency, robust in the presence of non-stationarities 

and can be used to generate on-line estimates from traffic measurements.  

However, according to Karagiannis etc ’s latest study in 2004 [80], all of current LRD 

analysis methods have difficulty in actually identifying dependence and estimating its 

parameters unambiguously, especially in the accuracy and robustness of Hurst parameter 

estimation. They found that no consistent estimator is robust in every case: estimators can 

hide LRD or report it erroneously. Especially, when a LRD process coupled with SRD, or 

periodicity, or noise or some trends, it will significantly affect the performances of current 

Hurst estimators.  

Due to this reason, we proposed to use the effective Abry-Veitch estimator to produce a 

heuristic range of the Hurst exponent, and then use the fractional-ARIMA model to 

analysis the wireless LAN traffic data series. The detailed procedure will be presented in 

following 3.4.5 section. 



93 

  
  

3.3.2 Time Series Modeling and Prediction Methods 

Currently, there are lots of time series models available to model and predict the dynamics 

of real network traffic trace statistics, including the classical AR, MA, ARMA, ARMAX 

and ARIMA models [51][52][54], fractional ARIMAs[55][56], threshold autoregressive 

(TAR) nonlinear models[57], and simple models such as windowed average. From all of 

current commonly used traffic models, we select the fractional ),,( qdpARIMA  model as 

our basic modeling method.  The reason is that the fractional ARIMA model can capture 

both the LRD and SRD pretty well. The ARIMA (p,q) part can be used to model the sub-

second short range dependences, while the fractional parameter d  can be used to capture 

the self-similarity LRD characteristics in multi-second time scales.  

The )( pAR  model predicts current value of the time series based on p previous values; 

while the )(qMA  model predicts current value based on q previous shocks (i.e. random 

Gaussian noise). The Gaussian noise is characterized by zero mean and a finite variance. 

The ),( qpARMA  model is the combination of )( pAR  and )(qMA  models. All of the 

)( pAR , )(qMA  and the ),( qpARMA models require that the time series data be stationary. 

In the meanwhile, the ),,( qdpARIMA  model is simply an ),( qpARMA  model that the 

original time series data is differenced d  times. d  is a parameter giving the degree of 

differentiation. Thus, the ),,( qdpARIMA  transforms a nonstationary data series into 

stationary series by differentiate it d  times. The fractional ),,( qdpARIMA  is an extension 

version of the traditional ),,( qdpARIMA  by letting parameter d  can take any real values 

instead of integer only. Actually, the fractional )0,,0( dARIMA  model where 
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5.05.0 <<− d , is the fractional Gaussian noise process which can be used to describe the 

LRD process. Thus, the fractional ),,( qdpARIMA  can model both the LRD and SRD.  

In this section we will discuss the details about traditional ARMA model, ARIMA model 

and the fractional ARIMA model. 

The autoregressive moving average (ARMA) series models were popularized by Box and 

Jenkins [81] for purposes of modeling time series data.  The ARMA model is defined as the 

following. 

Suppose tW  denote the observations at time t  from some stationary process with zero 

mean, an ARMA model of order  ),( qp  for tW , denoted as  ),( qpARMA  has the form: 

qtqttptptt aaaWWW −−−− −−−=−−−−−− θθµφµφµ ...)(...)()( 1111                 (3.1) 

where ta is white noise and is uncorrelated with tW ;  µ  is the mean of tW ,  jφ  and jθ are 

real constants. 

We define a lag operator B  have the following function: 

1−= tt WBW  

Equation (3.1) can be written as the following: 

tt aBWB )()( θφ =                         ……… ……………(3.2) 
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where p
p BBBB φφφφ −−−−= ...1)( 2

21  and q
q BBBB θθθθ −−−−= ...1)( 2

21  

The ),( qpARMA model is stationary if the roots of the 0)( =Bφ equation are greater than 

one in absolute value. The ),( qpARMA can also be extended to model non-stationary 

behavior in the data such as the ),,( qdpARIMA  model. When we introduce an additional 

differencing parameter d into the ),( qpARMA  model, we will have the Autoregressive 

Integrated Moving Average Models (ARIMA). 

Suppose the data series tY  is non-stationary, and we have 

)()1()1( 1
1

−
− −−=−= tt

d
t

d
t YYBYBW  

is stationary.  Moreover, tW can be modeled as an ),( qpARMA  model. Then, the original 

data series tY  can be modeled as an ),,( qdpARIMA  model in the following form: 

t
q

qt
dp

p aBBBYBBBB )...1()1)(...1( 2
21

2
21 θθθφφφ −−−−=−−−−− …..(3.3) 

A special case of the ),,( qdpARIMA models is the )1,1,0(ARIMA model. This model form 

has had many applications, for instance, in computer networking area, it is used to keep 

track of the round-trip delay estimates in the TCP protocol [52].  

If the model’s order is too low, it cannot describe the time series data precisely, and the 

prediction based on the model can be much deviated from the correct value. In the 

meanwhile, if the order number is too high, the computational complexity may prohibit the 
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application of the model in real world. There are several different ways to determine the 

stationary ),( qpARMA  model’s order number and check the order adequacy [82]. One 

typical way is to use the )1,( −nn  order selection strategy under Fisher test. Let n start 

from 1, and calculate the fitting residual sum of square (RSS) LA  of the 

)1,( −nnARMA model and the RSS HA  of the ),1( nnARMA + model. And then use the 

fisher test criteria to determine whether higher order model are needed or not. Let 

),(~
)/(

/)( rNsF
rNA

sAAF
H

HL −
−

−
= α . If ),( rNsFF −> α , it means that the RSS reduction is 

significant and we need higher order number of n. Otherwise, current ),1( nnARMA +  

model is sufficient enough. In above, N  is the number of time series observations, s  is the 

number of parameters reduced from higher order model to lower order model, r  is the 

number of parameters of the higher order model, α  is the significance level of the Fisher 

test.  

After identifying the order and the forms of the ARIMA model, another import step is to 

estimate the corresponding parameters of the model given in formula 3.3, i.e., the values of 

pφφ ,....,1 and qθθ ,....,1 . There are basically two methods available for the estimation of 

these parameters, the least square method and the maximum likelihood estimate. 

To use the maximum likelihood method, the parametric distribution of the noise ta needs to 

be specified. Usually, the Gaussian distribution is assumed for ta . However, the Guassian 

assumption is usually inadequate for the network traffic data modeling [52]. Thus, we 
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choose the least square method to estimate the parameters instead. The estimated 

parameters of iφ̂ and iθ̂ should minimize the sum of the squares of the squared residuals. 

Namely, iφ̂ and iθ̂ should minimize ∑
=

=
n

t
taS

1

2),( θφ . The detailed procedure of how to 

derive the ),,( qdpARIMA model parameters can be found in any time series analysis 

textbook.  

After deriving the fitted model parameters, we will use this fitted model to predict the time 

series future vales based on past data series. Suppose tY  is a non-stationary time series, and 

tY  can be modeled by the ),,( qdpARIMA  model defined in 3.3. And we denote 

)()1()1( 1
1

−
− −−=−= tt

d
t

d
t YYBYBW , tW is a time series that can be expressed by the 

),( qpARMA  model.  

Thus, we can derive the forecast of tW  as the following:  

∑
∞

=
−+=

1

)(
i

irtit WrW π  

where, )(rWt  is the minimum mean square error forecast of rtW +  based on the infinite past 

tW , 1−tW ,…. And iπ  is the green function of the derived ),( qpARMA  model.    

Another way of writing the forecast function is in terms of both the past p values of tW  and 

the past q noises as the follows. 
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∑∑
=

−+
=

−−=
q

j
jrtj

p

i
tit airWrW

11

~)()( θφ  

where 


 ≤−

= −+
−+ elseif

jrifa
a jrt

jrt 0
0~ and iφ , jθ are the parameters of ),( qpARMA model 

The past q noise of ja can be obtained recursively by assuming that the initial ja ’s are zero 

and calculating one step ahead forecasts starting from 1+pY and calculating ja as 

)1(1−− jj YY for .,...,2,1 tPpj ++=  

The fractional ),,( qdpARIMA  model is an extension of the traditional ),,( qdpARIMA  

model introduced by Granger and Joyeux [83] in 1980. The fractional 

),,( qdpARIMA model extends the degree of differencing d  to take any real value rather 

than being restricted to integer values. The fractionally differenced processes are capable of 

modeling long-term persistence. The formal definition of the fractional ),,( qdpARIMA  

model is as the follows. 

t
q

qt
dp

p aBBBYBBBB )...1()1)(...1( 2
21

2
21 θθθφφφ −−−−=−−−−−  

where d  is extended to any real value, and the dB)1( − is the fractional difference operator 

defined as ∑∑
∞

=

∞

=

−
+−Γ+Γ

+Γ
=−








=−

00

)(
)1()1(

)1()()1(
k

k

k

kd B
kdk

dB
k
d

B  . )(•Γ  is the gamma 

function. In practice, d is assumed to belong to the interval of )5.0,5.0(− . And only when 
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)5.0,0(∈d , the LRD property holds. The B , ta , jφ , and jθ are the same as traditional 

),,( qdpARIMA  model definition. 

The d  parameter determines the LRD properties of the process, while p , q  and the 

corresponding jφ and jθ describe the flexible modeling of the SRD properties of the 

process. Actually, the d  parameter in the fractional ),,( qdpARIMA  process plays the 

same role as the Hurst parameter in other LRD or self-similarity processes such as the 

fractional Brown Movement process. The relationship between the Hurst parameter and the 

d  parameter is as the follows: 5.0−= Hd . 

The above relationship can be derived from the simple case of the fractional 

)0,,0( dARIMA  model. For the fractional )0,,0( dARIMA , the normalized autocorrelation 

function 
][
][)(

nn

nnk

xxE
xxEk +=ρ  is given by 

)1()(
)()1()(

dkd
dkdk

−+ΓΓ
+Γ−Γ

=ρ , and when ∞→k , 

12

)1(
)( −=

−+Γ
+Γ dk

dk
dk . Thus, 12

)(
)1()( −

∞→

Γ
−Γ

≈ d
k

k
d

dkρ . This implies that the Hurst parameter 

5.0+= dH . 

It is very important to find an efficient and accurate parameter estimator for the fractional 

),,( qdpARIMA  model. The estimator needs to be unbiased and the confidence intervals 

need to be as small as possible. Also the estimator needs to be efficient enough for online 

computing. Several different approaches [84][85][86] have been proposed to estimate the 

fractional ),,( qdpARIMA  model parameters.  
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The basic and straightforward method of ),,( qdpARIMA  model parameter estimation was 

proposed by Hosking in [86]. The basic idea is that }{ tY  follows the ),,( qdpARIMA  

model, and then if we denote t
d

t YBW )1( −= , then tW  is the ),( qpARMA  component of 

the fractional ),,( qdpARIMA  model, and tt aBBW )()}({ 1θφ −= . This means that, after 

applying the fractional difference operator dB)1( −  to }{ tY , we will obtain a process 

maintaining only the SRD features of the original time series. On the other hand, if we 

denote tt YBBX )()}({ 1φθ −= , then tX  is a fractional )0,,0( dARIMA  process which only 

has the LRD features of the original time series. Thus, the developed parameter procedures 

follows the below steps: 

a.) Estimate the d  parameter for the considered process }{ tY  using aggregated 

variance estimator or R/S estimator. 

b.) Calculate the time series t
d

t YBW )1( −=  

c.) Apply the traditional Box-Jenkins algorithm to estimate the parameters 

)(Bφ and )(Bθ  of the ),( qpARMA , where tt aBWB )()( θφ =  

d.) Using the parameters of )(Bφ and )(Bθ  in step c to determine the time 

series tt YBBX )()}({ 1φθ −= . 

e.) Estimate the d  parameter from }{ tX , which after step d, is theoretically 

like an fractional )0,,0( dARIMA  model,  Where tt
d aXB =− )1(  
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f.) Check the conditions for )5.0,5.0(−∈d , and all the poles of )(Bφ and 

)(Bθ  are outside of the unit-circle. If these conditions are not verified, 

return back to step b using the value of  d  estimated in step e.  Otherwise, 

stop the algorithm and we derived the parameters for the fractional 

),,( qdpARIMA  model. 

The Hosking algorithm is pretty straightforward. However it is very costive in computing 

and it is not efficient enough for online parameter estimation. In [84], Kettani etc. proposed 

an efficient and fast estimation method based on samples autocorrelation to estimate the 

LRD parameter d  of the fractional )0,,0( dARIMA  model. However, this estimator is 

biased and may lead inaccurate estimation of network traffic statistics. Also, they didn’t 

extend the works into the general fractional ),,( qdpARIMA . In [85], Chen etc. proposed a 

maximum likelihood parameter estimation method using Genetic Algorithm in frequency 

domain to estimate the parameters of the fractional ),,( qdpARIMA  model. However, this 

method also requires lots of computation, typically needs around 200 generations to find 

the solution [85], which prevented the practical usage in the real-time online traffic 

modeling and estimation.  

Thus, we proposed to divide the parameters estimation procedure into two steps: firstly, use 

the R/S Hurst parameter estimator to derive the LRD parameter d ; and then use the regular 

Box-Jenkins algorithm or any other standard inner nonlinear least-squares optimization in 

the AR and MA parameters to minimize white noise variance.   
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3.3.3 Model Change: Automatic Detection and Selection 

As we know that the wireless LAN background traffic and user usage patterns are always 

keeping changing and evolving. Combined this with the inherent instability of wireless 

communication links, user’s dynamic mobility away from the access point, and so on, the 

wireless LAN network QoS statistics such as packet delays, delay jitter and packet loss 

may also dynamically keep on changing and follow different types of dynamic models. 

This calls for a special need of method to automatically detect the traffic model changes 

and automatically update the dynamic models parameters. 

For example, according to our wireless LAN traffic modeling experiment results described 

in section 3.4, we found that the wireless LAN packet end-to-end delay statistics can be 

classified into three different types of time series models according to their different 

background traffic levels, different wireless LAN traffic topologies and different wireless 

LAN link capacities. Some of those time series models have SRD property only; while 

some models have coupled SRD and LRD properties together. We can use traditional 

)1,( −nnARMA  model to capture the dynamics of SRD process and use the fractional 

)1,,( −ndnARIMA  model to capture the dynamics of the SRD and LRD coupled process.  

According to our offline modeling and analyzing results in section 3.4.1 and 3.4.2, we 

found out that one of the reliable index to distinguish the SRD processes and the SRD-LRD 

coupled processes is the autocorrelation function (ACF) cut-off lag. For SRD processes, the 

ACF cut-off lag is less than 10; while for SRD-LRD coupled processes, the ACF cut-off 

lag is more than 50. Thus, we propose to determine the fitting model forms by checking the 



103 

  
  

value of ACF at lag 30. If 2.0)30( >ACF , we use the fractional )1,,( −ndnARIMA  to 

model the WLAN traffic series. Otherwise, we use the traditional )1,( −nnARMA  model to 

express the series. The detailed model change detection and model updating procedure is 

described in the following Figure 3.18.  

 

 

 

 

 

 

 

 

 

 

Figure 3.18, Flowchart of automatic detection of dynamic traffic model changes 
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In the above chart, the periodic checking point time is around 20 seconds. This value is 

based on the empirical knowledge of network statistics characteristics, algorithm 

computation complexity and the voice sampling rate and compression schemes for VoIP 

systems. The accumulated prediction error is defined as the following equation:  

∑

∑

=

=

−

−
= N

i
i

N

i
ii

x

xx

1

1

)(

|ˆ|

µ
ξ ,  

where ix̂  is the predicted value, ix  is the real value, µ  is the mean of { ix }, and N  is the 

total number of packets in current prediction window. The threshold of ξ  is set as 1.3. If 

3.1>ξ , we need to re-select model type or re-estimate model parameters. The value of 1.3 

is based on our offline modeling results in section 3.4.3 and section 3.4.4.  

3.4 Analysis of Collected Wireless LAN Traffic Data  

As we know that there is three major network traffic statistics that heavily affect the quality 

of services of VoIP systems: the packet end-to-end delay, packet loss rate and the delay 

jitter. In this section, we will parse the experiment log files collected in section 3.2 and 

analysis the above three statistics for the 802.11 wireless LAN.  

The original wireless LAN traffic data we collected include the UdpPing tool logged files, 

UdpRelayer tool logged files and the 802.11 wireless network interface card log files. The 

UdpPing tool log files recorded every packet sent out time, received time and sequence 

number. They can be used to generate the packet round trip time, which is used to 
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approximate the packet one-way end-to-end delay. Based on the produced packet delay 

sequences, the delay jitters can be calculated out for further analysis. The UdpRelayer log 

files recorded every relayed packet’s source IP address, packet generation timestamp, 

packet relayed time, and sequence number. The UdpRelayer log files can be used to 

generate the packet loss rate and packet loss pattern sequences. The wireless network 

interface card log files recorded the statistics of how many packets transmitted and received 

using which rate, how many transmit retries and received errors etc at every three seconds 

period. These log files can be used to estimate the dynamic wireless link channel capacities.  

The above original traffic log files and their corresponding parsed data files have been 

archived as the following data sets classified by the experiment setups. The following Table 

3.2 lists all the data sets for further analysis and modeling. 

Data Set Name WLAN 
Topology 

Background 
Traffic Level 

Mobile 
Scenario 

HeavyLanFix Office Wide Heavy Level Fixed Link 

HeavyLanMobile Office Wide Heavy Level Mobile Link 

MediumLanFix Office Wide Medium Level Fixed Link 

MediumLanMobile Office Wide Medium Level Mobile Link 

LowLanFix Office Wide Low Level Fixed Link 

LowLanMobile Office Wide Low Level Mobile Link 

HeavyWanFix Building Wide Heavy Level Fixed Link 
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HeavyWanMobile Building Wide Heavy Level Mobile Link 

MediumWanFix Building Wide Medium Level Fixed Link 

MediumWanMobile Building Wide Medium Level Mobile Link 

LowWanFix Building Wide Low Level Fixed Link 

LowWanMobile Building Wide Low Level Mobile Link 

HybridLanFix OfficeWide Hybrid Level FixLink 

 
Table 3.2, WLAN traffic experiment datasets list 

All of the below analysis will refer to the dataset name. We will study the statistics in terms 

of the packet delays and delay jitters. Research over the last decade has provided strong 

evidence that LRD arise from the heavy-tailed distributions that characterize data traffic 

source activity. We use the auto-covariance function (ACF) and the long-range dependence 

(LRD) properties were used to classify different network traffic types. 

3.4.1  Visual Inspection of ACFs for Packet Delay and Delay Jitter 

In this section, we will make a visual inspection for the ACFs of collected packet delay and 

delay jitter time series to have a preliminary analysis for the WLAN traffic statistics. The 

following Figure 3.19 and Figure 3.20 illustrate the ACF plots of packet delay and delay 

jitter for the LowLanFix, LowWanFix, MediumLanFix and MediumWanFix datasets as a 

visual inspection example. In this example, we collected the packet delay and delay jitter 

series with sampling interval at 20ms. The time series plots and ACF plots were generated 

using the R statistical software [88].  
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Figure 3.19, ACF of packet delay for Low/Medium Lan/Wan Fix datasets with 20ms 
sampling interval 
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Figure 3.20, ACF of delay jitter for Low/Medium Lan/Wan Fix datasets with 20ms 
sampling interval 

By visually exploring these plots, we can classify these four datasets into two types. The 

LowWanFix and MediumWanFix are one type of packet delay time series with an ACF that 

decays relatively slowly, which indicates that an LRD property may exist. The 10% ACF 

cut-off lag for this type is around 80 to 200 lags. The LowLanFix and MediumLanFix 
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datasets can be classified into another type of packet delay time series, with an ACF that 

decays relatively fast, which indicates an absence of the LRD property. The 10% ACF cut-

off lag for this type is around 4 lags. Indeed, it is the network topology configuration that 

distinguishes these two types of time series. The ACF plots indicate that, in low or medium 

traffic load, WAN topology may result in a packet-delay times series with the LRD 

property, whereas packet delay of the LAN topology may result in no LRD property, 

according to their ACF cut-off levels. The detailed analysis about these two types of traffic 

will be presented in the following section 3.4.2. As to the delay jitter time series, all of the 

datasets shows no evident LRD.  

3.4.2 LRD Analysis of Delay and Delay Jitter  

Lots of current traffic study indicated that that Internet, Ethernet, Backbone, and the WWW 

traffic exhibit strong self-similarity and long rang dependence (LRD) properties 

[58][60][61][75]. In the meanwhile, according to Popescu’s analysis [87], the dynamics of 

network traffic behavior has the following characteristics at different time scales: at 

milliseconds time scales the Link Layer characteristics seem to dominate the arrival process 

profile, at time scales of seconds and beyond, the effects of the Transport Layer seem to 

dominate, in between these two ranges of time scales, queuing characteristics might 

dominate. And effects of human behavior as well as data generation and retrieval seem to 

dominate at tens of seconds and beyond (minutes and even hours). Similarly to Popescu’s 

report, Karagiannis [49]’s research in the Internet backbone traffic traces also confirmed 
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that the Internet backbone traffic exhibit different behaviors under different time sampling 

scales. 

In this section, we will the LRD properties for the 802.11 wireless LAN end-to-end packet 

delay and delay jitter time series. We will use the Hurst parameter to evaluate the LRD or 

self-similarity properties quantitively. We use the SELFIS tool developed by Karagiannis 

[80] to derive the Hurst parameter estimation. The SELFIS tool integrates most of current 

available LRD Hurst parameter estimation algorithms mentioned in section 3.3.1. It’s well 

known that, if 0.5 < H < 1, then the process has LRD/Self-similarity properties; while if 

0<H<0.5, the process doesn’t have LRD/Self-similarity properties. We investigate both the 

wireless LAN packet delay series and the corresponding delay jitter series. Moreover, we 

also investigate the change of Hurst parameters under different time sampling scales for 

every dataset. The Hurst parameter estimation algorithm we selected is the R/S estimator. 

The derived Hurst exponent parameters for different packet delay series are listed in the 

following Table 3.3 while the results of the delay jitter series are listed in Table 3.4  

Sampling Intervals 
Datasets 

20 ms 100 ms 400 ms 1000 ms 

LowLanFix 0.450 0.503 0.496 0.536 

LowLanMobile 0.535 0.598 0.544 0.550 

MediumLanFix 0.631 0.583 0.486 0.572 

MediumLanMobile 0.456 0.527 0.527 0.543 
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LowWanFix 0.654 0.626 0.655 0.630 

LowWanMobile 0.686 0.670 0.896 0.553 

MediumWanFix 0.577 0.538 0.632 0.557 

MediumWanMobile 0.677 0.639 0.756 0.565 

HeavyLanFix 0.691 0.826 0.823 0.608 

HeavyLanMobile 0.768 0.616 0.569 0.621 

HeavyWanFix 0.772 0.659 0.502 0.957 

HeavyWanMobile 0.797 0.626 0.511 0.749 

 
Table 3.3, Estimated LRD Hurst exponent parameters for packet delay series 

Sampling Intervals 
Datasets 

20 ms 100 ms 400 ms 1000 ms 

LowLanFix 0.209 0.210 0.232 0.232 

LowLanMobile 0.229 0.229 0.268 0.191 

MediumLanFix 0.197 0.204 0.231 0.225 

MediumLanMobile 0.248 0.273 0.244 0.302 

LowWanFix 0.266 0.244 0.365 0.368 

LowWanMobile 0.317 0.483 0.453 0.465 

MediumWanFix 0.367 0.343 0.466 0.423 

MediumWanMobile 0.380 0.368 0.410 0.332 

HeavyLanFix 0.574 0.583 0.557 0.498 



112 

  
  

HeavyLanMobile 0.558 0.575 0.494 0.333 

HeavyWanFix 0.597 0.614 0.505 0.443 

HeavyWanMobile 0.433 0.455 0.452 0.421 

 
Table 3.4, Estimated LRD Hurst exponent parameters for delay jitter series 

From Table 3.3, we can clearly find out that for the group of dataset LowLanFix, 

LowLanMobile, MediumLanFix and MediumLanMobile, almost all of their Hurst 

parameters, no matter under which different time sampling scales, are almost close to 0.5. 

This means that there are no LRD/Self-similarity properties under those datasets. Actually, 

this result matches with the analysis results in section 3.4.1 via the ACF plot analysis. As to 

the group of datasets LowWanFix, LowWanMobile, MediumWanFix and 

MediumWanMobile, most of their Hurst exponent parameters are in between 0.55 to 0.7. 

This means that there is some extend of LRD/Self-similarity properties for this group of 

packet delay series. While for the HeavyLanFix, HeavyLanMobile, HeavyWanFix and 

HeavyWanMobile datasets, most of their Hurst parameters are over 0.7, which means that 

there are strong LRD/Self-similarity properties in this group of dataset. Those results 

perfectly match with our early analysis in section 3.4.1 via the ACF plot analysis method. 

Now, let’s take a close look at the results in table 3.4. From this table, we found out that 

most estimated Hurst parameters were well below 0.5. This means that the packet delay 

jitter series for all types of the wireless LAN traffic do not have any LRD/Self-similarity 

properties. Again this result also matches with our early analysis results in section 3.4.1 via 

the ACF plot analysis method. 
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3.4.3 Classifying, Modeling and Predicting of WLAN Packet Delay Series  

Based on the analysis results in section 3.4.1 and 3.4.2, we can classify the wireless LAN 

packet delay series into the following three typical patterns and then build dynamic time 

series models for each typical pattern for further online modeling purpose.  

The classification for the WLAN packet delay series patterns is shown in Table 3.5.  

Traffic 
Type # Datasets Typical Characters of the 

Packet Delay Time Series 
Possible Traffic 
Model Patterns 

Type I 

LowLanFix, 
MediumLanFix, 
LowLanMobile, 

MediumLanMobile 

Fast decaying ACF, 
ACF cut-off lag < 10, 

Hurst ~ 0.5,  
SRD only, no LRD 

)1,( −nnARMA  

Type II 

LowWanFix, 
MediumWanFix, 
LowWanMobile, 

MediumWanMobile

Power-law ACF decaying;
ACF cut-off lag > 50; 

0.5 < Hurst < 0.7, 
SRD coupled with some 

extend of LRD 

Fractional 
),,( qdpARIMA  

Type III 

HeavyLanFix, 
HeavyWanFix, 

HeavyLanMobile, 
HeavyWanMobile 

Very Slow ACF Decaying; 
ACF cutoff lag > 1000; 

0.7 < Hurst < 1, 
Strong LRD coupled SRD 

Fractional 
),,( qdpARIMA  

 
Table 3.5, Classification of WLAN packet delay time series pattern 

Now, let’s take detailed modeling for the above classified datasets using the modeling 

techniques discussed in section 3.3.2. In this section we will also propose a fast and 

recursive online one-step-ahead prediction algorithm. In this algorithm, new incoming 

information will be used to update and correct future step forecasting.  Time series analysis 

methods are the major tools used in our modeling process. As mentioned in section 3.3.2, 
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we use the (n, n-1) model order selection strategy and the Fisher test method for model 

order adequacy checking. The Fisher test significance level is set at 95%.  

The proposed one-step-ahead prediction algorithm for the )1,( −nnARMA  model is as the 

following. Suppose the zero mean time series }{ tW  follows the )1,( −nnARMA  model, 

which means that: 

)...1()...1( 1
111

−
−−−−=−−− n

nt
n

nt BBaBBW θθφφ                  (3.4.3.1) 

where }{ ta  is zero mean white noise with the variance of 2
)(taσ . The values of 2

)(taσ , iφ , iθ , 

µ  will be provided at the model fitting and parameter estimation stage. Now, we know that 

}{ tW  can be expressed in the forms of Green’s function:  
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If we put the equation of 3.4.3.2 input the equation of 3.4.3.1, and then compare the orders 

of B  at both sides of the equation, we will derive the inexplicit expression of jG  as the 

following: 
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Actually, in real application, the length of data series is not infinity, and we can assume that 

0,0 <= tifat . So, }{ tW  can also be expressed as the following: 

∑∑∑
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j
j

j
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j
j

j
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000

 

Since the equation of 3.4.3.3 is a recursive form, it is very easy and fast to derive jG . 

Now we come to the forecast part. Suppose, we have the information of }{ tW  and know 

that }{ tW  follows the )1,( −nnARMA  model.  All of the parameters and the Green 

function about this model are already estimated. Now, we will give the best estimation of 

ktW +  based on this information. As we already have ∑∑
=

−

∞

=
− ==

t

j
jtj

j
jtjt aGaGW

00

, we will 

use the residual series },...,,{ 01 aaa tt −  to construct the prediction of ktW + . Let 

∑
=

−+ ==
t

j
jtjtkt aGkWW

0

*)(ˆˆ , is the estimation of ktW +  based on the information up to time t , 

and now we will derive the best estimation of the parameters *
jG .  As we know that 
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. Thus, the estimation error of ktW +
ˆ  can be expressed as:  
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By applying the MSE method to equation 3.4.3.4, we can derive the best estimation of *
jG  

as jkj GG +=* . Thus, we have the best k-step-ahead prediction of  ktW +  based on the 

information up to time t  is that:  

∑∑
=

−+
=

−+ ===
t

j
jtkj

t

j
jtjtkt aGaGkWW

00

*)(ˆˆ                                 (3.4.3.5) 

In practice, we only use one-step-ahead prediction, and when the new information comes, 

we will add this new information to do further ahead prediction. In this way, the prediction 

error is much less than using k-step-ahead prediction without applying the new incoming 

information. 

The method of updating the prediction using new incoming information is as the follows.  

Suppose at time 1+t , we have the new incoming information of 1+tW , thus we will get the 

new information of )1(ˆ
11 ttt WWa −= ++ , by applying this new information into equation 

3.4.3.4, and using the similar MSE method, we can derive that: 

111 )2(ˆ)1(ˆ
++ += ttt aGWW                                          (3.4.3.6) 

Similarly, when more information comes, we denote this new information as 

)1(ˆ
1−+++ −= ktktkt WWa , and we will have the prediction based on the most new coming 

information as the following formula: 
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1111 )1(ˆ)2(ˆ)1(ˆˆ               (3.4.3.7) 

Again, equation 3.4.3.7 is a recursive form and it is very fast and easy to calculate. We use 

this one-step-ahead prediction with new information updating method for our traffic 

statistic forecasting. The prediction error is much less than without using new incoming 

information. 

In our traffic modeling and predicting process, the training dataset length for the modeling 

is 1000 points. We will use the next 1000 points to test the model’s forecasting accuracy. 

The accumulated prediction error rate ξ  is defined as in section 3.3.3: 

∑∑
==

−−=
N

i
i

N

i
ii xxx
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||/|ˆ| µξ , where ix̂  is the predicted value, ix  is the real value, µ  is the 

mean of and ix , N  is the total number of packets in current prediction window. The 

derived traffic models for type I WLAN traffic statistic are as the following Table 3.6. 

Datasets Fitted Model Parameters 

1000 Points 

Prediction 
Results 

LowLanFix  
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MediumLanFix 

 

66975
98.66

]68.0,23.0,12.1[
]09.0,66.0,03.0,3.1[
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2
)(

=

=

−=
−−=

RSS

ARMA

ta

MA

AR

σ

θ
φ

 84052
4.83

98.0
2

)(

=

=

=

RSS
teσ

ξ

 

LowLanMobile  

36557
56.36
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MediumLanMobile 

 

48116
12.48
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Table 3.6, Type-I WLAN packet delay statistic modeling and prediction results 

For comparison purpose, we also compared this result with current widely used packet 

delay estimation method: Jacobson’s Exp-Avg algorithm as shown in Figure 3.21. A 

10000-packets trace was tested. We computed the RSSE (Residual Sum of Squared Error) 

for every 30 packets as a RSSE block. And for the ARMA prediction, the averaged RSSE 

was 1273 ms^2 vs. 2508 ms^2 for the Exp-Avg method, which represents a 49% decrease 

in prediction error. The RSSE is defined as 2

1
)ˆ(∑

=

−=
N

i
ii xxRSSE , where as N is the block 

size, ix̂  is the predicted value and ix  is the real value. 
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Figure 3.21, Prediction results of type-I WLAN packet delay series (MediumLanMobile 
Dataset) 

As to type II and type III WLAN packet delay series, they are LRD and SRD coupled 

processes. Thus we need to use fractional ARIMA model to model their dynamics. The 

modeling procedure for the fractional ),,( qdpARIMA  process was described in section 

3.3.2. In here, we will focus on how to derive practical one-step-ahead forecasting formula 
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using new incoming information for the fractional ),,( qdpARIMA  model. In [92], Shu et. 

al presented a method to estimate F-ARIMA model parameters and proposed a one-step 

ahead prediction method to provide an upper probability limit. However, in their scheme, 

they didn’t explore the way of how to use the new coming information to update the 

prediction formula and improve the prediction accuracy. In [93], Sadeck et. al proposed a 

simplified adaptive F-ARIMA prediction scheme which depends on the decomposition of 

the fractional ),,( qdpARIMA  as fractional )0,,0( dARIMA . In Sadeck’s scheme, new 

actual available traffic data will be used to re-estimate the fractional ),,( qdpARIMA  model 

parameters and then be used to update the prediction result. This prediction updating 

method is very costive in computation since the fractional ),,( qdpARIMA  model 

parameter estimation procedure is very complex. Thus, this method is prohibitive in real-

time online traffic prediction. At here, we propose a prediction scheme by using new 

coming information to update the prediction formula without re-estimating the model 

parameters. This scheme is recursive, fast and accurate, and thus is good for online 

application. 

Suppose that zero-mean time series }{ tX  follows the fractional )1,,( −ndnARIMA  model, 

which means that: 

t
n

nt
dn

n aBBXBBB )...1()1)(...1( 1
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−
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where, ∑∑
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dB β , and }{ ta  is zero mean 

white noise with the variance of 2
)(taσ . The values of 2

)(taσ , iφ , iθ , d , iβ  will be provided 

or can be calculated at the model fitting and parameter estimation stage. And equation of 

3.4.3.8 can be rewritten as the following form: 
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Again, we rewrite }{ tX  in the forms of Green’s function:  
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If we put the equation of 3.4.3.10 input the equation of 3.4.3.9, and then compare the orders 

of B  at both sides of the equation, we will derive the inexplicit expression of jG  as the 

following: 
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Actually, in real application, the length of data series is not infinity, and we can assume that 

0,0 <= tifat . So, }{ tX  can also be expressed as the following: 
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Since the equation of 3.4.3.11 is a recursive form, it is very easy and fast to derive jG . 

Now we come to the fractional )1,,( −ndnARIMA  model forecast part. Suppose, we have 

the information of }{ tX  and know that }{ tX  follows the fractional )1,,( −ndnARIMA  

model.  All of the parameters and the Green function about this model are already 

estimated. Now, we will give the best estimation of ktX +  based on this information. As we 

already have ∑∑
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j
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00

, we will use the residual series },...,,{ 01 aaa tt −  to 

construct the prediction of ktX + . Let ∑
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*)(ˆˆ , is the estimation of ktX +  

based on the information up to time t , and now we will derive the best estimation of the 
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error of ktX +
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By applying the minimizing MSE method to equation 3.4.3.12, we can derive the best 

estimation of *
jG  as jkj GG +=* . Thus, we have the best k-step-ahead prediction of ktX +  

based on the information up to time t  is as the following:  
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The method of updating the prediction using new incoming information is as the follows.  

Suppose at time 1+t , we have the new incoming information of 1+tX , thus we will get the 

new information of )1(ˆ
11 ttt XXa −= ++ , by applying this new information into equation 

3.4.3.13, and using the similar MSE method, we can derive that: 

111 )2(ˆ)1(ˆ
++ += ttt aGXX                                        (3.4.3.14) 

Similarly, when more information comes, we denote this new information as 

)1(ˆ
1−+++ −= ktktkt XXa , and we will have the prediction based on the most new coming 

information as the following formula: 
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Again, equation 3.4.3.15 is a recursive form and it is very fast and easy to calculate. We use 

this one-step-ahead prediction with new information updating method for our traffic 

statistic forecasting. The prediction error is much less than without using new incoming 

information. 

Now let’s apply the above modeling and predicting fractional )1,,( −ndnARIMA  methods 

to Type II and Type III WLAN packet delay series datasets. Due to the complexity of 

fractional ARIMA model, we limit the highest order number to fractional )2,,3( dARIMA  
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model. The model training dataset length is 1000 points, and the next 1000 points will be 

used to test the model’s forecasting accuracy. The accumulated prediction error rate ξ  is 

defined as in section 3.3.3: ∑∑
==

−−=
N

i
i

N

i
ii xxx

11

||/|ˆ| µξ , where ix̂  is the predicted value, 

ix  is the real value, µ  is the mean of and ix , N  is the total number of packets in current 

prediction window. The derived fractional )1,,( −ndnARIMA  models for type-II and type-

III WLAN packet delay series are as Table 3.7 and Table 3.8.  

For comparison purpose, we also compared this result with current widely used packet 

delay estimation method: Jacobson’s Exp-Avg algorithm as shown in Figure 3.22 and 

Figure 3.23. A 10000-packets trace was tested for each type dataset. We computed the 

RSSE (Residual Sum of Squared Error) for every 30 packets as a RSSE block. In type-II 

dataset, for the f-ARIMA prediction, the averaged RSSE was 1157 ms^2 vs. 2013 ms^2 for 

the Exp-Avg method, which represents a 42% decrease in prediction error. In type-III 

dataset, for the f-ARIMA prediction, the averaged RSSE was 4465 ms^2 vs. 159191 ms^2 

for the Exp-Avg method, which represents a 97% decrease in prediction error. 
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Datasets Fitted Model Parameters 
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Table 3.7, type-II WLAN Packet delay statistic modeling and prediction results 
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Figure 3.22, Prediction results for type-II WLAN packet delay series 
(MediumWanMobile dataset) 
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Datasets Fitted Model Parameters 

1000 Points 

Prediction 
Results 
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Table 3.8, Type-III WLAN packet delay statistic modeling and prediction results 
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Figure 3.23, Prediction results for type-III WLAN packet delay series (HeavyWanFix 
dataset) 

3.4.4 Modeling and Predicting of WLAN Delay Jitter Series 

As to the packet delay jitter series, from the analysis in section 3.4.1 and 3.4.2, we know 

that packet delay jitter series in all of the datasets are very similar to one another and they 
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don’t have any LRD properties. Thus, we just need use one type model such as 

)1,( −nnARMA  model to describe the behaviors for all of the packet delay jitter series in 

different types of datasets. 

The modeling and forecasting results for all of the collected WLAN packet delay jitter 

series datasets are shown in the following Table 3.9 and Figure 3.24. In this modeling and 

predicting process, the training dataset length for the modeling is 1000 points. And the next 

1000 points were used to test the model’s forecasting accuracy. The accumulated prediction 

error rate ξ  is defined as in section 3.3.3: ∑∑
==

−−=
N

i
i

N

i
ii xxx

11

||/|ˆ| µξ , where ix̂  is the 

predicted value, ix  is the real value, µ  is the mean of and ix , N  is the total number of 

packets in current prediction window. 

A 10000-packets trace was tested. Again the comparison with Exp-Avg algorithm showed 

that ARMA model based prediction method can achieve better performance in terms of 

RSSE. For the ARMA prediction, the averaged RSSE was 947 ms^2 vs. 1259 ms^2 for the 

Exp-Avg method, which represents a 25% decrease in prediction error. Again, the 

comparison with the Exp-Avg algorithm showed that the ARMA model based prediction 

method can achieve better performance  
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Table 3.9, WLAN packet delay jitter series modeling and prediction results 
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Figure 3.24, Prediction results of WLAN packet delay jitter series (HeavyWanMobile 
dataset) 

3.4.5 Forecasting Dynamic Non-Stationary WLAN Traffic  

It’s well known that in general the end-to-end Internet network traffic statistics are dynamic 

and sometimes even non-stationary due to the inheriting complexity of Internet and lots of 

other unpredictable factors. The situation is even worse for wireless LAN traffic statistics 

considering the inheriting instability wireless link capacity and user’s random mobility. 
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Thus, we need to find a feasible and effective procedure to detect and capture the dynamic 

and non-stationary changes of end-to-end network traffic statistics. In the section, we will 

use the procedure we proposed in section 3.3.3 to testify the effectiveness of proposed our 

model change automatic detection methods. The assumption behind our schemes is that 

during short time period (lessthan several minutes), the end-to-end network traffic statistics 

can be approximated by one dynamic model and the model parameters won’t change over 

this short time period.  

We used a series of WLAN packet delays, with various background traffic levels and 

dynamic wireless link capacities, to test the proposed method. A 20000-packets trace was 

tested. The plot of prediction result is shown in Figure 3.25. In the RSSE plot, every 200 

packets formed one RSSE block.  
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Figure 3.25, Prediction result for dynamic background traffic and dynamic wireless link 
capacity WLAN packet delay series 

From the prediction results, we observed that the proposed dynamic scheme does capture 

the dynamic characteristics of the non-stationary WLAN traffic statistics. For the proposed 

prediction method, the averaged RSSE was 43897 (ms)2 vs. 236354 (ms)2 for the 

traditional Exp-Avg method, which represents an 80% decrease in prediction error. 
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3.5 Summary of Contributions 

In this chapter we proposed a novel scheme to use time series analyzing methods to model 

and forecast the dynamics of non-stationary WLAN end-to-end packet delay and delay 

jitter series. By our best knowledge, we are the first to utilizing ARMA and fractional 

ARMA models to model and forecast the wireless LAN traffic in terms of end-to-end 

packet delay and delay jitters.  

In our experiments, extensive wireless LAN traffic data in terms of end-to-end delay, delay 

jitter and packet loss have been collected through the method of alternating the WLAN 

background traffic levels, WLAN topology configurations, and the dynamic link capacities. 

The Long Rang Dependence (LRD) property of the collected WLAN time-series data were 

examined via Auto-Correlation-Function (ACF) and Hurst exponent parameter estimation 

[78]. Also, the detailed offline time-series modeling for different types of WLAN traffic 

series data are presented. 

In addition, we proposed to use a one-step-ahead forecasting algorithm using new incoming 

information to update the previous forecasted values. The proposed algorithm is based on 

the MSE minimization approach. The algorithm is accurate since it will reduce the 

accumulated prediction errors via introducing the new incoming information to the 

prediction formula. It is recursive and do not need to re-estimate the model parameters. 

Thus it is fast, accurate and suitable for real-time online applications. We derived the 

forecasting formula for both of the traditional )1,( −nnARMA  model and the fractional 

)1,,( −ndnARIMA  model based on the proposed algorithm. 
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Moreover, we proposed a procedure to automatically detect the traffic model changes and 

automatically update the dynamic models parameters. In this procedure, at every periodic 

check time (around every 20 seconds), the accumulated model prediction error will be 

evaluated. If the accumulated error is greater than the predefined threshold, the model re-

selection and re-estimation procedures will be started.  
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CHAPTER 4  ADAPTIVE PLAYOUT BUFFER ADJUSTMENT BASED ON 

DYNAMIC ESTIMATION OF NETWORK DELAYS 

The transmission of voice over packet-switched networks differs from conventional circuit-

switched networks in that each VoIP packet will experience variations in delay. This kind 

of jitter variation is an inherent characteristic of packet-switched networks. To address this 

problem, a playout jitter buffer at the receiver side is used to hold incoming voice packets 

for a short period of time (jitter buffer delay), to synchronize the packet stream before their 

scheduled playout time [95]. Packets that are not received before their scheduled playout 

time are considered lost (jitter buffer packet loss). Improved synchronization quality will be 

gained when the jitter buffer scheduler imposes longer delay. However, this will also result 

in increased overall delay to the voice stream that may be perceived by the user. The 

transmission of voice packets over IP networks is shown in Figure 4.1.  

 

 

 

 

Figure 4.1, VoIP packets’ transmission over IP network 

From the network transport perspective, VoIP speech quality is primarily impaired by 

packet loss, total end-to-end delay (mouth-to-ear delay) and the delay jitter. The loss of 
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some packets will generate gaps in the continuous voice stream, resulting in degraded voice 

quality. The total packet loss includes network transmission loss due to network congestion 

and jitter buffer loss due to packet arrival lateness. There are various strategies may be 

employed to fill these gaps such as, repeating the last received packet; insertion of silence; 

insertion of noise; and interpolation. The total packet end-to-end delay does not cause a 

reduction in voice quality but it does affect the interactive nature of conversations. A 

network propagation delay of less than 100ms is not noticeable to users, whereas delays 

over 200 ms begin to cause some degree of awkwardness between alternating speakers 

during a conversation. The introduction of the VoIP playout jitter buffer affects both the 

total end-to-end delay time and the total packet loss rate. With a small jitter buffer size; 

more late arrived packets are likely to be dropped, correspondingly the jitter buffer packet 

loss increases, resulting an increased total packet loss rate. When the jitter buffer size 

increases, fewer packets will be dropped due to arrival lateness, resulting an improved 

synchronization voice quality. However, a large buffer size will increase the total end-to-

end delay. Both the increased packet loss rate and increased total end-to-end delay result in 

the degrading of conversation quality. Finding the tradeoff between the total end-to-end 

delay and the total packet loss rate is the key issue for designing the VoIP playout jitter 

buffer scheduler. A good playout algorithm should be able to minimize buffering delay and 

late packet loss, thus improving the loss-delay tradeoff. 

In this chapter, we proposed a novel adaptive VoIP playout jitter buffer scheduler based on 

dynamic yet accurate estimation and prediction of network packet delay so that better loss-

delay tradeoff can be achieved under constantly changing network traffic situation. 
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4.1 Prior Research on VoIP Playout Jitter Buffer Algorithms 

Generally speaking, the design of the VoIP playout jitter buffer can be classified into two 

types: fixed-size playout buffer design and adaptive jitter buffer playout design. Since the 

fixed-size jitter buffer playout algorithms do not adapt to the dynamic changing network 

conditions, their performances are usually not satisfying. Thus, in practice, most VoIP 

playout jitter buffer schedulers are adaptive to network traffic changing in some extent. 

Most of current adaptive jitter buffer playout algorithms [96] [98] [99] [100] [102] are 

mainly based on the following ideas: (1) the total network delay should not exceed the 

maximum acceptable delay for voice conversation; (2) the chosen jitter buffer size will not 

lead to more than a threshold percentage of packets being dropped off due to late arrival.  

In 1994, Ramjee [96] proposed an adaptive playout jitter buffer algorithm which lately 

became a standard adaptive playout mechanism for VoIP systems. This adaptive playout 

algorithm is based on Jacobson’s work [34] on TCP roundtrip time estimation (an 

exponentially weighted moving average estimator). This algorithm estimates two statistics: 

the packet delay and the delay variance, and then uses those two estimations to calculate 

the playout time. The detailed algorithm is as the following.  

The playout time for packet i  is determined under two cases depending on whether it is the 

first packet in a talkspurt. If packet i  is the first packet of a talkspurt, its playout time ip  is 

computed as: 

iiii vdtp ˆ*4ˆ ++=                                        (4.1.1) 
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While the playout time for any subsequent packet in a talkspurt is computed as an offset 

from the point in time when the first packet in that talkspurt was played out. If i  was the 

first packet in a talkspurt and packet j  belongs to this talkspurt, the playout point for j  is 

as the follows: 

ijij ttpp −+=                                    (4.1.2) 

In above, ip  and jp  are the scheduled playout time of packet i  and j ; it  and jt  are the 

packet generation time at sending host for packet i  and j . While id̂  and iv̂ are the i -th 

estimation of the average packet delay and the delay variance respectively. And in  is the 

measured delay of packet i . The calculation of id̂  and iv̂  is as the follows: 

iii ndd ×−+×= − )1(ˆˆ
1 αα                           (4.1.3) 

|ˆ|)1(ˆˆ 1 iiii ndvv −×−+×= − αα                              (4.1.4) 

The parameter α  has a critical impact on the rate of convergence of this estimation. 

Ramjee [96] suggested that the weighting factor α  is fixed and chosen to be high 

( 998002.0=α ) to limit sensitivity of the estimation to short-term packet jitter.  

However, people [97] [98] found out that the practicality of Ramjee’s adaptive playout 

algorithms is hindered by the sensitivity of the performance to the proper tuning of the α  

parameters. In 2003, Narbutt [98] did experiments with different values of α  under 
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different network conditions, and found out that it is not feasible to tune the α  parameter 

to an optimal value so that the adaptive algorithm works well for all network conditions. 

Moreover, they observed that high value of α  parameter is good only in situations when 

network conditions are stable (delay and jitter are constant). When network conditions are 

changing rapidly (sudden increases/decreases in delay, i.e., bursty delay), smaller value of 

α  (0.7, 0.8, 0.9) were more appropriate. Thus, Narbutt proposed a dynamic α  playout 

algorithm [98] based on Ramjee’s scheme. In the dynamic α  algorithm, α  is dynamically 

adjusted according to the observed delay variations. When these variations are high, the 

parameter is set low, and vice-versa. The selection of α  is based an empirical function 

derived by their experiments on a large set of network traces.  

Besides of Ramjee’s standard adaptive playout algorithm and its variants, some other 

researchers [100] [102] proposed another kind of adaptive playout algorithms which are 

based on packet delay histogram instead of linear recursive filtering for the estimation of 

packet delays. In [100], Moon etc. proposed to calculate a given percentile point q  in the 

distribution function of the packet delays for the latest w  packets, and then use it as the 

playout delay for the new talkspurt. Their adaptive playout jitter buffer algorithm does the 

adjustment at the beginning of every talkspurt instead of every packet. The good feature of 

this histogram-based estimation approach is that the user can specify the acceptable packet 

loss rate ε , and the algorithm automatically adjusts the delay accordingly. Thus, the trade 

off between the buffering delay and the late arrival loss rate can be controlled explicitly. 

However, we argue that the histogram-based estimation can only provide the distribution 
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information and cannot provide information about the dynamic relationship between the 

concessive packet delay series. That is, the histogram-based estimation give the same 

treatment for all of the past packet delay series without considering that the latest packet 

delay may be more correlated with next packet delay. This may result in a slow adaptation 

to the dynamic network conditions especially for the non-stationary wireless Internet 

environment. 

Both Ramjee’s  and Moon’s adaptive playout algorithms adjust the jitter buffer size only at 

the beginning of the talkspurts. With this type of “per-talkspurt” mechanism, any variation 

in the playout delay will introduce artificially compressed or expanded silent periods 

between consecutive talkspurts. This kind of per-talkspurt mechanism’s effectiveness is 

limited when talkspurts are long and the network delay variation within them is high. For 

example, typically speaking, the mean duration of a talkspurt in conversation is around 

7.24 seconds according to Deng’s study in [35], which means that there are around 362 

packets in this talkspurt if every VoIP packet contains 20ms data. According to our and 

others network traffic data, burstiness is likely to occur during such a long period.  

Thus, in 2003, Liang et al. [99] proposed an adaptive playout algorithm that can adjust the 

jitter buffer size within a talkspurt. Proper reconstruction of continuous playout speech is 

achieved by scaling individual voice packets using a time-scale modification technique 

based on the Waveform Similarity Overlap-Add (WSOLA) algorithm. Their subjective 

listening experiments showed that the voice packets could be scaled from 50 percent to 200 
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percent of the original size without degrading sound quality. In Liang’s adaptive playout 

scheme, the packet delay prediction was also based on a histogram approach.   

It is very common to have bursts or spikes in the network packet delay series. A spike 

means that there is a sudden and very large increase of delay value in the packet delay 

series. The normal adaptive playout algorithms do not work well in the presence of such 

spikes. Thus, most of the current adaptive playout algorithms [96] [98] [99] [100] [102] 

provide some spike detection mechanism so that the algorithms can switch between a fast-

adaptation mode for spikes and the regular working mode for normal conditions. 

4.2 Proposed Adaptive Playout Buffer Adjustment Algorithm 

As we discussed in section 4.1, current adaptive playout jitter buffer algorithms based on a 

packet-delay histogram estimation approach lack the capability to model the dynamic 

relationship between consecutive packet delays. This may result in a slow adaptation to the 

dynamic network conditions. especially for the non-stationary wireless Internet 

environment.  

Ramjee’s standard adaptive playout algorithm and its variants are based on the linear 

recursive filtering with stochastic gradient for packet delay estimation. This method is more 

reactive to the dynamic network condition changing. However, Ramjee’s algorithm and its 

current variants failed to provide an explicit relationship between the packet late arrival loss 

rate and the calculated playout delay. Moreover, the packet delay estimation methods in 

Ramjee’s algorithm and its variants are still based on Jacobson’s TCP round trip time delay 
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estimation formula proposed in 1988 [34]. Actually Jacobson’s estimation method can be 

improved via more complicate estimators. And today’s computer’s powerful speed enables 

the possibility of complicate estimation for real-time online processing.  

In this section, we proposed a novel playout buffer adjustment algorithm based on dynamic 

estimation of network delays using time series modeling techniques. Moreover, in the 

proposed algorithm, when user specifies an acceptable loss rate, the algorithm will 

automatically provide the corresponding best playout delay accordingly. In this way, a 

better tradeoff between the buffering delay and late loss rate can be achieved. 

Actually, if we re-examine Ramjee’s playout formula of (4.1.1), we can find out that id̂  is 

used as the predict estimation of next coming packet delay (i.e., the prediction of 1+in ), and 

the term of iv̂*4  provide an upper bound for the estimation variance. Following that logic, 

if we denote 1
ˆ
−−= iii dne  as the estimation error for in , then we can rewrite Jacobson’s 

delay estimation formula   

iii ndd ×−+×= − )1(ˆˆ
1 αα                                   (4.2.1) 

into the following form: 

iiiii nenen ×−+−×=− ++ )1()(11 αα  

or: 
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iiii eenn ×−=− ++ α11  

or: 

11 −− ×−=− iiii eenn α                                          (4.2.2) 

From the above equation 4.2.2, we can clearly find out that Jacobson’s packet delay 

estimation method just simply model the network delay series { in } into a traditional 

)1,1(ARMA  model with the parameters of 11 =φ  and αθ =1 . 

However, it is very clear that such model is too simple and obviously won’t capture the 

dynamics of the changing network conditions in a fast and accurate manner. Actually, this 

can explain why people [97] [98] found out that the practicality of Ramjee’s adaptive 

playout algorithms is hindered by the sensitivity of the performance to the proper tuning of 

the α  parameter. The improvement of Narbutt [98] by applying dynamic α  value in the 

algorithm is still limited. The reason is that, firstly, the selection of the dynamic α  value is 

based on a heuristic function derived by Narbutt’s experiments which may not be universal 

enough for all possible network conditions; secondly, the dynamic α  algorithm only 

change the MA part of the ARMA(1,1) model and leave the AR parameter unchanged 

which may not be accurate enough for some network conditions. 

Therefore, we propose to use a simple ARMA(n,n-1) modeling strategy to dynamic model 

and estimate the network packet delay series in a more accurate manner. For real-time fast 

modeling and predicting purpose, we limit the fitting order number up to ARMA(2,1) 
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model. In practice, it is not suitable to give the mean value prediction for packet delay only. 

The reason is that in network buffer size design algorithm, any packets whose predicted 

delay value less than the observed real delay value will be dropped which will increase the 

network packet loss ratio. For this reason, it is better to give the thp100  percentile 

prediction for the packet end-to-end delay so that the buffer size design algorithms can 

provide some confidence in packet loss rate.  

The thp100  percentile prediction method for the )1,( −nnARMA  model is as the 

following. Suppose the packet delay time series }{ td  follows the )1,( −nnARMA  model. 

And }{ ta  is zero mean white noise with the variance of 2
)(taσ  corresponding to the 

)1,( −nnARMA  model. The values of 2
)(taσ , the ARMA parts parameters iφ  and iθ , the 

mean µ  of the delay series }{ td , and the Green function jG  will be provided at the 

ARMA model fitting and parameter estimation stage. Using the one-step-ahead prediction 

method we proposed in section 3.4.4, we can derive the prediction of the future packet 

delay ktd +  based on current and previous packet delay series },...,,{ 11 ddd tt −  as the 

following formula:  

∑
=

−++ +==
t

j
jtkjtkt aGkdd

0

)(ˆˆ µ                                   (4.2.3) 

When more information comes, the updated prediction for 1++ kt  packet delay based on 

current available packet delay series },...,,{ 11 ddd ktkt −++  is as the following: 
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∑
=

−+++−++++ ++=+==
k

m
mktmtktktktkt aGkdaGddd

1
1111 )1(ˆ)2(ˆ)1(ˆˆ                   (4.2.4) 

Now let pξ  be the thp100  percentile of the distribution of the noise ta  in the 

)1,( −nnARMA  model. Then the thp percentile of packet delay 1+td given the past packet 

delay series },...,,{ 11 ddd tt −  is forecasted by  

pt
p

t dd ξ+=+ )1(ˆˆ
1                                                  (4.2.5) 

The proof is as the follows. If we define )1(ˆ
1 tt ddz −= + , and note that the distribution of z  

does not depend on the past values of d . Hence,  

∫ ∫ ∫ ===+
∞− ∞− ∞−−+−+

p
t p pd

tttttt dzzfdzddzfdddddf1 )(),...,,|()(),...,,|( 1111
ξ ξ µ  

It is expected that for a given value of p , about %100p  predictions by equation 4.2.5 will 

be above observed real packet delays, and about )%1(100 p−  predictions by equation 4.25 

will be below the observed real packet delays. In another word, if we use the prediction of 

packet delay defined by equation 4.25 as our packet playout time, then the expected packet 

loss rate due to late arrival will be )%1(100 p− . In this way, we build up an explicit 

relationship between the packet late loss rate and the packet buffering delay. 

There are two different approaches to calculate pξ  for any given p . As previous defined, 

pξ  is the thp100  percentile of the distribution of the residual noise ta  in the fitted 
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)1,( −nnARMA  model. If { ta } follows or can be approximated by the Gaussian 

distribution, then we can have  )(tapp G σξ •= , where pG  is the thp100  percentile of 

standard Normal distribution. If { ta } cannot be approximated by the Gaussian distribution, 

we have to use the histogram of { ta } to derive the pξ . The histogram of { ta } can be 

obtained during the model fitting stage and later prediction updating stage. 

Moreover, in order to limit sensitivity of proposed jitter buffer playout scheme to short-

term packet delay jitters, we proposed that the algorithm won’t make jitter buffer delay 

adjustment unless the difference between previous scheduled buffer delay and current 

estimated 
thp100  percentile delay exceed a threshold (default value set as 10ms). In this 

way, the proposed algorithm made a good balance between the fast adaptation to bursty / 

dynamic changing and limited sensitivity to short-term packet delay jitters. 

Based on the above ARMA(n,n-1) network packet delay modeling and one-step-ahead 

thp100  percentile predicting methods, We summarize the proposed algorithm as the following 

diagram. 
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Figure 4.2, Proposed dynamic Jitter buffer playout algorithm 

The advantages of our proposed novel jitter buffer playout algorithm are as the follows. 
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• This algorithm can capture the dynamics network delay series more accurately by 

using more advanced time series model. 

• It can update the delay prediction using new coming information to track the delay 

changes more reactively. 

• When the prediction performance becomes not good enough, the algorithm itself 

can automatically detect and re-estimate the ARMA model parameters to capture 

the change of network conditions. 

• The algorithm provides an explicit relationship between the packet late arrival loss 

rate and the playout buffering delay. Thus the algorithm can provide a minimum 

playout buffer delay while guarantee the packet loss rate less than some level to 

the users. 

The proposed novel playout buffer adjustment algorithm should be used under per-packet 

updating, i.e., playout buffer adjustments can be done within talkspurts. In this way, the 

algorithm can be more reactive the change of network conditions. The playout buffer 

adjustment within talkspurt may need to scale the playout packet size. This problem can be 

solved by using Liang’s Waveform Similarity Overlap-Add (WSOLA) algorithm [99] 

proposed in 2003. 

4.3 Performance Analysis 

In this section, we will compare the performance of our proposed method with current 

adaptive playout buffer adjustment algorithms. The algorithms we selected to compare are 

Ramjee’s, Moon’s and Liang’s algorithms since those three represent most of current 
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available adaptive playout buffering algorithms. As to the dynamic α  algorithm, the 

empirical function of selecting α  is not available in literature, thus we are not able to 

repeat its implementation. The exponential parameter α  in Ramjee’s algorithm was 

selected as 0.99802, the percentile levels in Moon and Liang’s algorithms were selected as 

0.5%, and the histogram window size in Moon and Liang’s algorithms were chose to be 

10000. 

4.3.1 Settings for Playout Buffer Adjustment Algorithms  

In order to testify the performance of jitter buffer playout algorithms under extensive and 

dynamic changing network environments, we combined the 802.11b wireless LAN traffic 

traces from real experiments and the simulated Internet backbone WAN traces together to 

construct different types of wireless Internet network packet delay series. 

The 802.11b wireless LAN traffic traces are chose from wireless LAN traffic modeling 

data we obtained in chapter 3, typically we select MediumWanFix and the 

MediumLanMobile datasets. The average packet delay of our wireless LAN traffic data is 

ranged from around 20ms to around 50ms. 

The simulated Internet backbone WAN packet delay traces were generated using Poisson 

process, which means were set 40ms, 80ms and 120ms. The logged 802.11b wireless LAN 

packed delay plus the simulated Internet backbone WAN delay constructed the total 

dynamic wireless Internet packet delay, which was used to testify the performance of 

different jitter buffer playout algorithms.  
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The voice packet generation rate was set at 20ms per packet. We simulated that the 

talkspurt period follows exponential distribution with the mean of 7.24 seconds and the 

silence period also follows the exponential distribution with the mean of 5.69 seconds. 

Those parameters are decided according to Deng’s studies on the statistic characteristics of 

conversation speech in [35].  

4.3.2 Experimental Results  

In order to evaluate the playout buffering algorithms performance more subjectively, we 

select the ITU E-model’s R-factor values as our performance metrics. The ITU-G.107 

standard [101] describes the E-model as a network-planning tool used in the design of 

hybrid circuit-switched and packet-switched networks supporting high quality voice 

applications. This tool estimates the relative impairments to voice quality when comparing 

different network equipments and network designs.  

The result of any calculation with the E-model in a first step is a transmission-rating factor 

R , which combines all relevant transmission parameters for the considered connection. 

This rating factor R  is the combination of a number of factors and calculated by: 

AIe-effIdIsRoR +−−−=                                   (4.3.1) 

Where oR  represents the basic signal-to-noise ratio, including noise sources such as circuit 

noise and room noise. sI  is a combination of all impairments which occur more or less 

simultaneously with the voice signal. The factor dI  represents the impairments caused by 
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delay. The effective equipment impairment factor, effeI − , represents impairments caused by 

low bit-rate codecs. It also includes impairment due to packet losses with random 

distribution. The advantage factor A  allows for compensation of impairment factors when 

there are other advantages of access to the user. The term oR , sI  and dI  values are 

subdivided into further specific impairment values.  

sI , oR  and A  are functions of several parameters, none of which are a function of the 

underlying packet transport. ITU-T Rec. G.107 [101] recommends a set of default values 

for these parameters for planning purposes. By choosing these default values, equation 

(4.3.1) can be simplified as the following modified version [101] that focuses on the effect 

of transport level quantities (i.e., the total end-to-end delay, and total packet loss rate): 

)*1ln(*)3.177(
*)3.177(*11.0*024.02.94

321 edH
ddR

γγγ +−−−
−−−=

                              (4.3.2) 

where )(xH  is a step function: 
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d  is the average one-way mouth-to-ear delay (in milliseconds), which includes the packets 

processing delay at both sender and receiver, the network delay and jitter buffer delay. e  is 

the average total packet loss rate and includes the network transmission packet loss rate and 

the playout buffer packet loss rate due to late arrival. 



154 

  
  

In our simulation, we assume that the network transmission packet loss rate is zero, i.e., all 

of the packet loss is due to late arrival. We also assume that the codec scheme is G.729a. 

Thus, the γ parameters are chosen as the following: 

)729.(10)729.(40)729.(11 321 aGaGaG === γγγ  

In our simulation, we assume that the network transmission packet loss rate is zero, i.e., all 

of the packet loss is due to late arrival. We also assume that the codec scheme is G.729a. 

A snapshot of the playout buffering decisions by different adaptive algorithms are 

demonstrated in Figure 4.3. 
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Figure 4.3, Decision Comparison of Adaptive Playout Algorithms Performances 
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From Figure 4.3, it is clear that the proposed algorithm has very reactive performance to 

bursty traffic changing. The detailed simulation results were presented in Table 4.1 and 

Table 4.2. Table 4.1 shows the adaptive jitter buffer algorithms performance comparisons 

in medium load 11Mbps 802.11b wireless LAN traffic experiencing different backbone 

WAN delays. Table 4.2 describes the performance comparisons in medium load dynamic 

capacity wireless LAN traffic experiencing different backbone WAN delays.  

Performance Result Total Network 
Delay Backbone 

WAN 
Delays Mean STD 

Algorithms Packet 
Loss 
Rate 

Average 
Buffer 
Delay 

E-Model 
R-factor 

Ramjee 0.67% 33.41ms 78.71 

Moon 0.7% 34.42ms 78.58 

Liang 0.49% 34.91ms 79.37 
40ms 62ms 11ms 

Proposed 0.35% 39.73ms 79.80 

Ramjee 0.79% 35.82ms 77.79 

Moon 0.70% 35.6ms 78.14 

Liang 0.58% 35.80ms 78.61 60ms 81ms 12ms 

Proposed 0.22% 55.23ms 79.60 

Ramjee 0.93% 37.87ms 76.85 

Moon 0.80% 36.79ms 77.33 

Liang 0.64% 37.14ms 77.96 80ms 102ms 13ms 

Proposed 0.29% 56.51ms 78.87 

120ms 143ms 19ms Ramjee 1.2% 49.13ms 73.06 
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Moon 1.4% 51.26ms 72.15 

Liang 1.3% 49.72ms 72.83 

Proposed 0.69% 52.03ms 74.71 

 
Table 4.1, Performance comparisons of different playout buffering algorithms for 

11Mbps capacity 802.11b wireless LAN datasets 

Performance Result Total Network 
Delay Backbone 

WAN 
Delays Mean STD 

Algorithms Packet 
Loss 
Rate 

Average 
Buffer 
Delay 

E-Model 
R-factor 

Ramjee 3.9% 48.65ms 67.58 

Moon 2.36% 104.64ms 71.30 

Liang 1.14% 112.45ms 75.28 
40ms 65ms 27ms 

Proposed 0.5% 45.97ms 78.87 

Ramjee 3.5% 53.28ms 68.36 

Moon 2.3% 106.37ms 69.37 

Liang 1.1% 111.82ms 72.88 60ms 85ms 28ms 

Proposed 0.53% 56.26ms 78.32 

Ramjee 2.86% 56.50ms 69.91 

Moon 2.22% 108.31ms 66.94 

Liang 1.0% 112.76ms 70.58 80ms 105ms 28ms 

Proposed 0.49% 55.77ms 78.06 

120ms 144ms 29ms Ramjee 3.1% 54.32ms 65.98 
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Moon 2.02% 101.78ms 63.31 

Liang 0.98% 110.43ms 65.79 

Proposed 0.62% 70.48ms 72.36 

 
Table 4.2, Performance comparisons of different playout buffering algorithms under 

dynamic capacity wireless LAN datasets 

From Table 4.1 comparison, it is clear to see that under the small variance fixed 11Mbps 

capacity wireless LAN network environment, the performances of all four algorithms are 

pretty close to each other. However, it is still consistent to see that for all of the test results, 

the proposed algorithm and Liang’s algorithm are the best. The reason is simple. Liang’s 

algorithm and the proposed algorithm can adjust the playout jitter buffer size within 

talkspurts to further reduce the late arrival packet loss. 

However, according to the data in Table 4.2, under the network scenario of dynamic 

capacity wireless LAN with large delay variance, it is very clear that the proposed 

algorithm out-performed other algorithms dramatically. And in this scenario, sometimes, 

Ramjee’s algorithm may achieve similar performance as Liang’s algorithm even though 

Liang’s algorithm can adjust jitter buffer size within talkspurts while Ramjee’s cannot. This 

could be explained by the following reasons. The proposed algorithm and Ramjee’s 

algorithm are both based on the dynamic estimation of network traffic delay series, thus 

they have faster adaptation to bursty or dynamic changing network environments, while 

Liang’s and Moon’s algorithms are based on the packet delay histograms which has slower 

adaptation bursty or fast changing network situation. 
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The performance comparison of those four algorithms under different network situation 

was shown in Figure 4.4 and Figure 4.5. 
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Figure 4.4, Adaptive playout algorithms’ performances under fixed wireless LAN 
capacity 
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Figure 4.5, Adaptive Playout Algorithms Performances under dynamic wireless LAN 
capacity 

From the above table data and plots, it is clear that the proposed adaptive algorithm 

outperformed current three types of adaptive playout buffering schemes for all of the tested 

traces. The performance improved can be achieved up to 10% to 15% in terms of E-Model 

R-factor compared with traditional Ramjee algorithm especially under large variance 

dynamic changing network environment. Also, our experiments results verified that 

Liang’s algorithm achieved better performance than Ramjees’s and Moon’s algorithms. 

This can be explained in that Liang’s algorithm can do buffer size adjustment within 
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talkspurt which can accommodate bursty within talkspurts in some extent. The proposed 

algorithm can achieve further improvement by being more reactive to dynamic packet 

delay changes when burst or spikes arrive. 

4.3.3 Real-time Implementation and Performance Profiling  

To further testify the real time performance of the proposed jitter buffer algorithm, both the 

proposed algorithm and Ramjee’s algorithm were implemented into the open source VoIP 

application called JVoIPLib. A two-hour VoIP experiment was conducted between Kansas and 

Virginia over 802.11b wireless LAN and Internet. The VoIP application were running in two P4 

1.2GHz laptop computers with 802.11b wireless card and 256Mb memory.  

According to the online experiment, the computational resource in the P4 laptop is fast 

enough for both jitter buffer algorithm implementation application. A program performance 

profiler was used to trace the exactly used computational speed and resource consumptions. 

The proposed algorithm introduced a new thread to do online ARMA modeling and 

prediction. In our experiment implementation, every 4000 RTP packet will have model 

accuracy check and only latest 1000 RTP delay series will be used for model estimation. 

The ARMA model parameters was limited into ARMA(1,1) model. 

The program performance profile result is as the following Table 4.3.  

Program Total Running Time 1208 seconds 

Online ARMA Model Thread Called Times 15 
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Average Time Spend in ARMA Modeling 0.01956 seconds 

Time Percentage Spent in ARMA Modeling 0.16% 

Extra Memory Allocated for ARMA Modeling 8K Bytes 

Table 4.3, Online ARMA modeling program performance profile result 

4.4 Summary of Contributions 

In this chapter we developed and evaluated a novel playout buffer adjustment algorithm 

based on dynamic estimation of network delays and time series modeling techniques. This 

approach explicitly relates the packet late arrival loss rate and the playout buffering delay 

and provides a minimum playout buffer delay while guaranteeing that the packet loss rate 

remains below a specified threshold. The approach supports playout buffer adjustment 

within talkspurts so it is more reactive to the dynamic network conditions. Experimental 

results showed that this adaptive playout algorithm outperformed commonly used adaptive 

playout buffering schemes, especially under bursty network traffic conditions with large 

variance. Also an online-implemented version of the proposed algorithm was integrated 

into an open source VoIP application. The program profiling result demonstrated that the 

proposed algorithm only took 0.16% of the computation time of the whole VoIP 

application and only 8K bytes extra memory were needed by the proposed algorithm. 
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CHAPTER 5  INTELLIGENT QOS IMPROVEMENT SCHEMES FOR 

WIRELESS VOIP 

5.1 Intelligent Network Awareness Wireless Internet Telephony Architecture 

The rapid growth of wireless communication and Internet applications is bringing wireless 

Internet Telephony into our lives in anytime at anywhere on any devices. However, the 

wireless Internet Telephony faces several severe challenges, such as high error rate of 

wireless channels and large variation of packet delay etc.  The situation will become even 

worse when take into account of the mobile hosts under different wireless access 

technologies, since available sources (e.g. bandwidth, battery life, etc.) in different wireless 

networks are scarce and dynamically change over time. Also for wireless networks, since 

the capacity of a wireless channel varies randomly with time, providing deterministic QoS 

may result in extremely conservative guarantees and waste of resources, which is not 

desirable.  

Thus, it is very important to develop an intelligent network awareness wireless Internet 

Telephony architecture which can timely and dynamically estimate current end-2-end 

network traffic condition and take smart corresponding QoS improvement actions to 

achieve best end user satisfaction under current available resources. In this chapter, we will 

describe an intelligent network awareness wireless Internet telephony architecture and 

some QoS improvement schemes for wireless Internet telephony to meet this requirement. 

The proposed end-to-end intelligent Qos improvement schemes are very promising in that 
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they do no require changes to the existing network infrastructure. Everything is done in the 

end sides of the communication link: the sender and the receiver host. 

Figure 5.1demonstrates the basic architecture of the proposed intelligent architecture. 

 

 

 

 

 

 

 

 

 

 
Figure 5.1, Intelligent network awareness wireless Internet telephony architecture 
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Compared with traditional VoIP systems, the proposed architecture has the following three 

additional blocks to improve the QoS:  

• the traffic-monitoring block will collect, model and dynamically predict network 

statistics;  

• the feeback-communication block will feedback network statistic information 

between the sender and receiver;  

• the adaptive-adjustment block will take best actions under current network condtion 

to adjust current system settings such as sender flow control, voice codec scheme, 

sender redundant loss concealment scheme, receiver playout jitter buffer size etc.       

The following sections will describe in detail how those proposed QoS improvement 

schemes work. 

5.1.1 Dynamic Traffic Monitoring, Modeling and Forecasting 

As there is a large variation of bandwidth and delay in wireless LAN and the emerging 

mobile network, it is important to have accurate and timely estimation of current network 

statistics for correct network control and management. Currently, there are some 

measurement based algorithms are applied in network traffic control and admissions. For 

example, CISCO has applied several measurement based call admission control algorithms 

[94]. Those algorithms use Security Assurance Agent (SAA) to conduct measurement. 

SAA adopts Response Time Reporter (RTR) method to measure the network performance, 

such as delay, packet loss, delay jitter etc., to feeds the measurement results back to source 
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gateway for admission control. However, this kind of methods will add adverse effect to 

current traffic and degrade the QoS by periodically sending probe packets. Also, in some 

cases, the probe messages are not payload messages themselves, which may not be able to 

reflect how the network treats the real voice packets. 

In our propose traffic statistics collection method, such kind of shortcomings can be 

avoided. Firstly, in our proposed scheme, no probe packets are needed to measure the 

network traffic statistics. The network measurements come from the received voice packets 

directly. And the network statistic information will be transferred using the RTCP 

compound packets during the RTCP feedback intervals. In this way, it won’t add any 

further probe packets to the existing network. Secondly, since all of the traffic statistics 

measurements come from received voice packets directly, thus they reflect the real network 

statistics as the voice data stream experienced. 

5.1.2 Adaptive Flow Control  

Current wireless LAN and the emerging mobile network quality of service have a large 

variation of bandwidth and delay. Thus, adaptive rate flow control is important to improve 

the QoS for wireless Internet telephony systems. Previous research work [10][11][12] 

already proposed the methods of alternating different voice codecs to achieve flow control 

and congestion control for limited bandwidth situation. When the bandwidth is limited and 

the data rate need to be lowered, higher compression rate codec will be adopted to increase 

the amount of compression. This will usually result in a degradation of speech quality, but 

it is still better than having lots of lost packets and large delay. Given a demand for high 
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quality, it is clear that choosing the lowest bit rate codec will not suit a large proportion of 

today’s VoIP market. Therefore most systems tend to offer G.711 (PCM) and at least one 

low-bit-rate codec. This will enable the application some flexibility to trade off between the 

quality and bandwidth. We can just simply apply similar policy into our intelligent network 

awareness wireless Internet telephony architecture for the automatic flow control.  

5.1.3 Adaptive Jitter Buffer Playout Scheme Based on Dynamic Estimation 

As we know that the playout jitter buffer at the receiver side is used to hold incoming voice 

packets for a short period of time (jitter buffer delay), to synchronize the packet stream 

before their scheduled playout time. This can improve the end user’s perceived voice 

quality. The introduction of the playout jitter buffer affects both the total end-to-end delay 

time and the total packet loss rate. With a small jitter buffer size; more late arrived packets 

are likely to be dropped, correspondingly the jitter buffer packet loss increases, resulting an 

increased total packet loss rate. When the jitter buffer size increases, fewer packets will be 

dropped due to arrival lateness, resulting an improved synchronization voice quality. 

However, a large buffer size will increase the total end-to-end delay. Both the increased 

packet loss rate and increased total end-to-end delay result in the degrading of conversation 

quality. Finding the tradeoff between the total end-to-end delay and the total packet loss 

rate is the key issue for designing the VoIP playout jitter buffer scheduler. A good playout 

algorithm should be able to minimize buffering delay and late packet loss, thus improving 

the loss-delay tradeoff. 
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In this dissertation, we proposed a novel playout buffer adjustment algorithm based on 

dynamic estimation of network delays using more advanced and accurate time series 

modeling techniques. Moreover, the proposed algorithm provides an explicit relationship 

between the packet late arrival loss rate and the playout buffering delay. Thus the algorithm 

can provide a minimum playout buffer delay while guarantee the packet loss rate less than 

a certain level to the users. The proposed playout buffer adjustment can be done within 

talkspurts. In this way, the algorithm can be more reactive the change of network 

conditions. And a better tradeoff between the buffering delay and late loss rate can be 

achieved.  

Our simulation experiments showed that the proposed adaptive playout algorithm 

outperformed current three types of adaptive playout buffering schemes (Ramjee’s, Moon’s 

and Liang’s) for all of the tested traces. The performance improved can be achieved up to 

10% to 15% in terms of E-Model R-factor compared with traditional Ramjee algorithm. 

The detailed algorithm was described in chapter four.  

5.1.4 Simple Active Loss Concealment Scheme 

The voice packets transferred in the IP network may suffer lost due to the following 

reasons: the queuing buffer overflow during the media access competing, dropped off 

during the congestion period in the routers along the path, late arriving and passed the 

scheduled playout time, etc. The lost packets post big impairment to the perceived voice 

quality for the end user. 
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Current packets loss concealment schemes for real-time VoIP in literatures can be divided 

into two stages: loss recovery and error concealment [103]. Loss recovery is to recover the 

original content of a lost packet. Loss recovery can be split into two major classes: active 

retransmission and passive channel coding. Retransmission will increase the transmission 

delay of packets and may not be suitable for real-time VoIP communication. Passive 

channel coding will add redundant information into voice packets for aiding the loss 

correction, typically using FEC (Forward Error Correction) techniques.  Loss recovery can 

only recover a single lost packet, thus error concealment schemes are still required to 

conceal the remaining loss in voice streams after loss recovery. Error concealment schemes 

produce a replacement for a lost packet, which is similar to the original lost packet. This is 

possible because voice signals exhibit large amounts of short-term self-similarity. 

To recover or repair the lost packets, lots of real-time loss concealment schemes have been 

proposed to improve the quality of the VoIP system [24][25][26]. The loss concealment 

schemes include the coder-independent schemes and coder-dependent schemes. Also the 

loss concealment schemes can be divided into two types. One type is adding explicit 

redundancy information such as FEC (Forward Error Correction) or extracted information 

of a packet into its following packet [27][28] [29]. The other type is exploring the inherent 

redundancy in voice steams such as replay previous packet, pad the lost slot by silence or 

white noise [30], or parameter reconstruction using LP coder’s single description [31] etc.  

Moreover, recently, D. Lin and W.Wah have proposed a novel concealment scheme [25] 

[32] for low-bit-rate VoIP. The basic way they did is to use sample based interleaving tech 
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to split frames into packet frame with even samples and packet frame with odd samples. If 

either of the odd or the even packet was loss, it can be recovered from its paired even or 

odd packet.   

The weakness of this approach is that: aliasing may be caused by down sampling; and 

coding-frame time span got lengthened. Also it will introduce additional computing delay 

for this kind of splitting and merging at sender/receiver side. Moreover, this kind for loss 

concealment scheme works pretty good at low-bit-rate link such as dial up link, but may be 

not so good for current wireless LAN link. The traffic link characteristics in current 

wireless LAN link include sufficient bandwidth (at least 1Mbps, averaged at 10Mbps or 

54Mbps), but high packet loss rate, fluctuating link status, and sender collision avoidance 

buffering delays etc. Also, in 802.11 MAC scheme, bandwidth is not a very big issue 

especially for real-time voice packets, but packet drop rate, media access contention 

competing and back-off retry times which will increase the overall delivery delay may 

result in a serious problem.  Also, It is important to note that because of IP packet header’s 

inefficiency, perusing low bit rates below a certain level makes limited sense.  

So from the whole system view, in the 802.11 wireless LAN environment, it may be not 

worth to add extra computing complexity and delay to pursue low-bit rate concealment 

schemes, it may be better to adopt simple yet time effective concealment scheme to 

minimize the loss concealment processing delay.  

Thus, we proposed a simple active loss concealment scheme to reduce possible packet loss 

while maintaining a minimized processing delay. The idea is that when the network traffic-
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monitoring block detects high packet loss rate occurred in current network link, this simple 

active loss concealment algorithm would start to work by just simply duplicate previous 

voice packet payload into every outgoing voice packet. When the network traffic-

monitoring block detects that packet loss rate fall back to normal level, it will inform this 

simple active loss concealment algorithm stop working. In this way, the packet loss 

recovery processing delay is very trivial and it helps a lot for receiver-side packet loss 

recovery and loss concealment schemes when current network packet loss rate are pretty 

high.  

The proposed scheme may need additional bandwidth requirement. However, if we 

examine the detailed structure of a typical voice packet over 802.11 wireless LAN, we can 

find out that the physical layer header occupies 16 bytes, the MAC layer header occupies 

30 bytes, and the IP layer header occupies 40 bytes. And all of those headers add up to 86 

bytes overhead in total. While, in the other hand, the effective voice data payload in a 

typical voice packet is only 20 bytes (20ms sampling data using G.729 codec). Even we 

duplicate the effective voice data payload from previous packet, the voice packet payload 

still have only around 40 bytes. This increases the total size of the normal voice packet 

from 106 bytes to 126 bytes, which is not a big increase in bandwidth requirement. 

5.2 Conclusion 

Wireless communication networks provide mobility to end users, but create an inherently 

dynamic environment in terms of available link bandwidth, packet delay, delay jitter, 

packet-loss rate, etc. This requires that the wireless Internet applications — especially the 
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real-time ones — have the capability of network traffic awareness so that the applications 

can capture the changes in the current network conditions and actively make proper 

adjustments to provide reliable QoS under the dynamic environment using currently 

available resources. For the real-time wireless Internet telephony application, the possible 

smart adjustments include automatic selection of the voice codec, forward error 

concealment and packet-loss recovery schemes, adaptive playout jitter buffer adjustment, 

packet header compression, etc. By applying these adaptive QoS improvement schemes, 

the overall system performance can be improved under a dynamic environment. However, 

a key issue is how to evaluate, model and forecast the current network traffic statistics 

accurately and timely.  

The major contribution of this dissertation is the use of time-series analysis methods to 

model and forecast the dynamics of non-stationary wireless LAN end-to-end packet delay 

and delay jitter series. To the best of our knowledge, we are the first in the literature to 

utilize ARMA and fractional ARMA models to model and forecast the 802.11 wireless 

LAN traffic in terms of end-to-end packet delay and delay jitter. We have collected, 

analyzed, and modeled extensive wireless LAN traffic data in terms of end-to-end delay, 

delay jitter and packet loss. In addition, we proposed a one-step-ahead forecasting 

algorithm based on MSE minimization. The algorithm is accurate since it reduces the 

accumulated prediction errors by introducing the new incoming information into the 

prediction formula. It is recursive and does not need to re-estimate the model parameters. 

Thus, it is fast, accurate and suitable for real-time online applications. Moreover, we 



172 

  
  

proposed a procedure to automatically detect the traffic model changes and automatically 

update the dynamic model parameters for non-stationary traffic.  

Another major contribution in this dissertation is a novel playout buffer adjustment 

algorithm based on dynamic estimation of network delays using more advanced and 

accurate time-series modeling techniques. The proposed algorithm provides an explicit 

relationship between the packet late-arrival loss rate and the playout buffering delay. Thus, 

the algorithm can provide a minimum playout buffer delay while guaranteeing that the 

packet-loss rate is less than a certain level. The proposed playout buffer adjustment is done 

within talkspurts, so it can be more reactive to the change of network conditions, especially 

when bursts or spikes arrive. The results of our simulation experiments show that the 

proposed adaptive playout algorithm outperforms three current adaptive playout buffering 

schemes (Ramjee’s, Moon’s and Liang’s) for all of the tested traces. The algorithm 

achieved a performance improvement of 10% to 15% in terms of the E-model R-factor 

compared to the traditional Ramjee algorithm.  
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