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ABSTRACT 
 
 

Today, most portable devices, e.g., cell phones, PDAs, and laptops are Wi-Fi capable. 

Users can make efficient use of these devices by running various applications, including Voice 

over Internet Protocol (VoIP) to make calls. Portable devices are limited in terms of battery life, 

and hence the energy involved in the VoIP application is of concern.  This thesis, presents 

experimental studies on the energy consumption of the devices using IEEE 802.11 Wireless 

LAN for making VoIP calls. The effect of high (G.711), medium (G.729), and low (G.723) 

bandwidth codecs on battery life was studied. This investigation shows that the G.723 codec is 

the most energy efficient. 

There exists an energy-quality tradeoff when selecting codecs. In this thesis, an adaptive 

algorithm, Efficient Codec Switching Algorithm (ECSA), is proposed.  The ECSA utilizes a 

combination of codecs to minimize energy consumption of a VoIP call while meeting user-

specified quality constraints. When using a laptop, these results demonstrate a percentage 

improvement of 6.43% to 24.1% over currently used codec schemes.  
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CHAPTER 1 

 

INTRODUCTION 

 
 
1.1 Voice Over Internet Protocol Technology 

Voice over Internet Protocol (VoIP) also known as Internet Protocol (IP) telephony is a 

telephony technology used to communicate voice over packet-switched networks. Packet-

switched networks are different in characteristic than circuit-switched networks.  The Public 

Switched Telephone Network (PSTN) is a circuit-switched network where connection must be 

established end to end to make a voice call. The circuit must be up and running for the duration 

of a call, and once the call is ended, then the circuit and the associated resources may be freed. 

On the other hand, VoIP technology does not require a circuit to be established for the duration 

of a call. In VoIP, voice packets are digitized and encoded using appropriate voice codecs. These 

voice codecs play an important role in determining the quality of the voice call. These voice 

packets are then sent over the Internet to reach their destination. Upon reaching the destination, 

these voice packets are decoded using codecs used at encoding. Thus, for a two-way voice 

communication in a VoIP, the codecs when calling and the codecs at the called party should 

match. 

VoIP technology has specialized protocols for call setup, maintenance, and teardown. 

The use of these protocols is device and vendor-specific. Among these protocols, the Session 

Initiation Protocol (SIP) is a light-weight protocol that is easy to understand and mostly used on 

handheld devices that support VoIP applications. VoIP packets are a continuous stream of User 

Datagram Protocol (UDP) packets with an inter-arrival time of a few milliseconds. Thus, the 

network supporting VoIP must be designed to cope with VoIP delay requirements. Similarly, 

portable devices supporting VoIP applications should have the capability of supporting this time 
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delay requirement. Portable devices use their wireless local area network (WLAN) interface or 

Wi-Fi for VoIP communication. This Wi-Fi interface should be capable of receiving voice 

packets, thus consuming energy. Studies have shown that the Wi-Fi interface consumes more 

energy than Global System for Mobile Communications (GSM) interfaces. Therefore, in addition 

to time delay requirements for VoIP applications, portable devices should also try to minimize 

energy consumption during a VoIP call. 

1.2 Contributions 

Considering the importance of increasing battery lifetimes in portable devices and the 

challenges of saving energy during VoIP calls, different VoIP codecs in terms of energy 

consumed were studied in this research. Many VoIP handset manufacturers use codec G.711 

because it provides superior quality at the cost of high bandwidth requirements. In addition to 

G.711, there are other commonly used codecs, such as G.729 and G.723. The goal of this work 

was to better understand the energy versus quality tradeoffs involved with these three codecs so 

that users can achieve maximum satisfaction during calls while keeping energy consumption to a 

minimum. 

The three most popular VoIP codecs—G.711, G.729, and G.723—were considered in this 

work, and their energy consumption in portable battery-operated devices was calculated.  The 

aim of this study was to make users and VoIP application developers more informed about 

energy implications of the codecs on energy-constrained devices. 

In this work, an Efficient Codec Switching Algorithm (ECSA) was proposed to increase 

battery lifetime in handheld devices that switches codecs based on user-provided parameters, 

whereby the user provides the desired call quality and a tolerable miss ratio as input to the 
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algorithm. This algorithm outputs the optimum codec switching time in order to minimize energy 

consumption with desired call quality. 

1.3 Thesis Organization 

This thesis begins with a literature survey in Chapter 2, first introducing VoIP and then 

discussing related work in this area. Chapter 3 discusses the VoIP codecs used in this thesis and 

their negotiation mechanism. Chapter 4 presents the preliminary results before proposing this 

algorithm.  

The proposed algorithm is introduced in Chapter 5 and gives all the necessary details 

including mathematical modeling. Chapter 6 presents the results of the algorithm, and Chapter 7 

concludes the thesis with a future work and implementation section.  
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CHAPTER 2 

 

LITERATURE SURVEY 

 

2.1 Voice Over Internet Protocol  

VoIP is a telephony technology used to communicate voice over IP-based networks. This 

technology is rapidly growing over traditional circuit-switched networks such as the PSTN. The 

most compelling reason behind this transformation is lower cost and new functionality. VoIP 

does not require complex and dedicated infrastructure like the PSTN. It simply digitizes voice 

and sends it on an IP network. Therefore, VoIP is much cheaper than the traditional PSTN. VoIP 

adds new functionalities over the PSTN; for example, in an enterprise deployment, an incoming 

call can be automatically routed to a user’s VoIP phone. 

This technology can be used on a local area network (LAN), at home, and on the Internet. 

In enterprise LAN it is primarily used to replace a traditional private branch exchange (PBX) 

with an IP-based PBX, where each party is assigned an extension and can be reached via 

telephone or a personal computer (PC). This replacement also provides some added functionality 

over a PSTN such as file exchange in parallel with voice conversation, video conversation, and 

call logging. For the Internet and home users, it is used to make long-distance or international 

calls. Applications like Skype, Yahoo, and MSN provide free calling to their users when the 

other party is also on the same application. Multiple users can be added to the same conversation 

using conference calling. With applications like Google Talk, voice mail can be left when the 

other party is offline or not available to answer the call. These applications also provide very 

cheap rates when calling outside of the network.  Thus, VoIP is very acceptable technology all 

over the world and is gaining popularity over the PSTN. 
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Figure 1 shows an enterprise VoIP deployment with major components. A typical VoIP 

deployment consists of VoIP proxy, soft-phone or VoIP clients, and a VoIP gateway. The VoIP 

client and VoIP proxy are also called the user agent client (UAC) and user agent server (UAS), 

respectively. The VoIP proxy server acts as central server for VoIP calls. It uses standard 

protocols, e.g., SIP or H.323 for call establishment, maintenance, and teardown.  SIP is a text-

based and easier-to-understand protocol than H.323. A softphone is software designed especially 

for VoIP and can initiate a call using these protocols. It also comes with various voice codec 

support and authentication mechanisms. Here, the username and password must be entered to 

register with the proxy server. Once the softphone is registered, calls can be made easily. A 

PSTN to VoIP network integration is accomplished by using VoIP gateway also called an analog 

telephone adaptor (ATA). VoIP gateway can translate a PSTN call to VoIP, and vice versa. 

 

 

Figure 1:  Enterprise VoIP deployment with major components [1] 
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2.2 VoIP on Portable Devices  

The use of VoIP is not limited to personal computers and laptops, devices such as 

smartphones and portable handheld devices also use VoIP. Portable handheld devices are quite 

varied—Apple iPhone and iPad, RIM’s Blackberry, Amazon’s Kindle, and Android Phone to 

name a few—not to mention the notebook class of laptops. These devices allow users to work or 

entertain themselves ubiquitously. The far-reaching ability of these devices stems from the fact 

that their power supply is provided by batteries, while network connectivity is provided by Wi-Fi 

or a cellular connection.  

The connectivity aspect of universal computing has made great strides over the years. 

With the explosive growth of Wi-Fi over the past decade, finding a hotspot to get connected is 

becoming much easier [2]. These can be found in universities, airports, and coffee shops, to 

name a few, apart from residences and workplaces. Thus, it is not difficult for a person to 

connect through Wi-Fi regardless of where s/he is throughout the day. For times when Wi-Fi 

connectivity is difficult, there are options to using the cellular network. These provide a more 

ubiquitous form of connectivity, though at a greater price and typically less data rates [2]. As a 

result, it is not uncommon for users to rely on Wi-Fi when possible, and use a cellular connection 

otherwise. 

Considering that the cellular network may not have good connectivity everywhere, VoIP 

calls are increasingly common over Wi-Fi. This turns out to be cost-effective as well for users, 

since in most places, Wi-Fi is free with no contracts. VoIP over Wi-Fi has emerged as a critical 

application for portable devices. T-Mobile has recognized this trend and is in the process of 

developing new functionality that enables the handoff of calls between their GSM network and 

Wi-Fi network [3]. Thus, VoIP is an imperative application for these portable mobile devices. 
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2.3  VoIP Capacity Problems over Wi-Fi 

Conventional wireless local area networks, or Wi-Fi for short, are designed for packet 

data, since communicating voice over WLAN results in degraded performance. Verkaik et al. [4] 

show that VoIP cuts in half the available TCP capacity of an 802.11b network with six to eight 

VoIP stations on the network. This capacity reduction problem is rooted in a Wi-Fi contention-

based medium access mechanism and framing overhead. Verkaik et al. [4] also show that 

802.11e does not ameliorate capacity-reduction problems in the presence of a large number of 

VoIP stations. They presented a software-only solution, called soft-speak, to this problem, which 

aggregated the uplink and downlink VoIP packets, thus reducing header overhead. This solution 

not only increases the residual data-carrying capacity of Wi-Fi network but also improves VoIP 

call quality.  

A cyclic shift and station removal polling scheme was proposed by Ziouva and 

Antonakopoulos [5] by multiplexing voice packets. Capacity was also increase by reducing 

header overhead [6]. Real Time Transport Protocol (RTP) packet compression was used by Xiao 

et al. [6] to improve capacity. Efforts were made to design a new media access control (MAC) 

protocol to improve on capacity and throughput [7]. This MAC protocol performs better than the 

802.11 MAC. Wang et al. [8] presented a controlled channel access mechanism for voice and a 

session admission control algorithm for VoIP calls. Their solution significantly improves the 

capacity of 802.11e WLAN. 

Chin [9] purposed an opportunistic scheduling mechanism exploiting Wi-Fi power save 

mode. The scheduler groups stations together such that they can receive aggregated packet from 

the access point, thus satisfying their delay budget. The analysis shows that with every additional 

20 ms of sleep time, VoIP capacity is increased by 20%. Shetty et al. [10] proposed a rate 
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adaption scheme for choosing a transmission rate for maximizing capacity. They show that a 

voice payload size of 20 ms supports a higher capacity, as compared to a payload size of 10 ms. 

2.4 VoIP Energy Consumption in Portable Devices 

Portable devices with greater operating lifetimes are imperative for user satisfaction. 

Therefore, a great deal of research is being done to develop high-efficiency batteries that can 

store more charge and provide a better lifetime. Besides developing batteries with better energy 

capacity, battery lifetime can also be increased by reducing the energy consumption in a mobile 

device. Mahesri et al. [11] show that data transmission over wireless links consumes a large 

amount of battery energy. For a typical handheld device this figure is upwards of 50%. The more 

communication performed by the device, the shorter will be its lifetime. 

For the VoIP application scenario mentioned above, the energy bottleneck is particularly 

relevant. The VoIP application involves sending packets continuously with short intervals. This 

consumes considerable energy from the battery. Furthermore, the provisions made in the IEEE 

802.11 standard to reduce power consumption due to the WLAN or Wi-Fi interface requires the 

interface to transition to a low-power sleep mode to save energy. The short inter-packet duration 

in VoIP, coupled with low tolerable latencies of the application (of the order of hundreds of 

milliseconds) does not easily allow energy to be saved when running the application. 

Rantala et al. [12] presented a model for a 802.11g wireless network interface in a mobile 

handset. Namboodiri and Gao [13] presented a green-call algorithm in an effort to minimize 

energy consumption during a VoIP call session. Argarwal et al. [1] presented a Cell2Notify 

system that uses a smartphone cellular interface to generate an incoming VoIP call alert on a Wi-

Fi interface. Their system can extend the battery lifetime of VoIP over Wi-Fi-enabled 

smartphones by a factor of 1.7 to 6.4 by introducing a ten-second call-setup latency. 
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The work in this thesis considers the three most popular VoIP codecs—G.711, G.729, 

and G.723—and calculates their energy consumption in portable battery-operated devices.  The 

aim of this study was to make users and VoIP application developers more informed about 

energy implications of the codecs on energy-constrained devices. 

Proposed in this thesis is an adaptive algorithm ECSA to increase battery lifetime in 

handheld devices, which switches codecs based on user-provided parameters, whereby the user 

provides the desired call quality and a tolerable miss ratio as input to the algorithm. This 

algorithm outputs the optimum codec switching time in order to minimize energy consumption 

with desired call quality. 
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CHAPTER 3 

 

AUDIO CODECS 

 
 
3.1 Introduction 

This chapter provides information about the various audio codecs used in this thesis, 

beginning with an introduction to the term codec and why it is used.  This is followed by 

information about high-bandwidth (G.711), medium-bandwidth (G.729), and low-bandwidth 

(G.723) codecs and the terms associated with them, e.g., bitrate, payload, and packets per 

second.  

  Codec is a term derived from coder and decoder, or compressor and decompressor. 

Codecs are used to convert analog signals to digital signals and vice versa, thus providing a more 

efficient means of transmission. Once the analog signal is converted into a digital signal through 

an analog to digital converter (ADC), it is transferred to the audio compressor for digital 

transmission. Later at the receiving end, the digital signal is run through a decoder or 

decompressor, i.e., digital to analog converter (DAC), in order to make the signal analog again 

and ready to be played out. This compression and decompression of signals may negatively 

impact voice quality. Therefore, appropriate codec selection is necessary to obtain the best voice 

quality with the lowest bandwidth/energy requirements. Many codecs are specified by the 

International Telecommunication Union (ITU-T) and are used in real-time VoIP applications. 

Among these, codecs G.711, G.723, and G.729 are most commonly used. Table 1 summarizes 

various parameters associated with each codec used in this paper.  The mean opinion score 

(MOS) is a parameter that ranks voice-call quality. An MOS value between 5 and 3 is considered 

acceptable; with 5 being excellent and 3 being fair call quality. 
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TABLE 1 
 
 

CODECS G.711, G.729, AND G.723 

 

Codec Packetization 
Delay (ms) 

Payload 
(bytes) 

Tx Rate 
(pkts/s) 

Bit Rate 
(Kbps) MOS 

G.711 20 160 50 64 4.1 

G.729 20 20 50 8 3.92 

G.723 30 20 34 5.3 3.65 
 

The following formulas were used to calculate the payload, bandwidth, and bit rate in Table 1. 

Payload of Audio Codec: 

 Payload = Codec Bit Rate x Packetization Delay (1) 

Packets per Second (PPS):  

 PPS = Codec Bit Rate/Voice Payload (2) 

Bandwidth: 

 Bandwidth = Total Packet Size x PPS (3) 

Each of these codecs will be explained in detail in order to understand energy/bandwidth 

requirement of each. 

3.2 CODEC G.711 

  Codec G.711 is an ITU-T standard for speech codecs, although earlier it was used in 

telephony. It employs pulse code modulation (PCM). The PCM sampling rate is 8,000 for the 

voice frequency, with a tolerance rate of 50 parts per million. When using PCM, samples are 

represented in 8-bit format, which yields a 64-Kbps bit rate. Furthermore, there are two types of 

algorithm subcategories under G.711: Mu-law algorithm (µlaw) and A-law (alaw) algorithm, 

both of which are logarithmic. A-law was designated for computer processing and was kept 
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simple. Mu-law encodes 14-bit samples, and a-law encodes 13-bit PCM samples mentioned 

earlier. Codec G.711 provides a higher signal range and more resolution; whereas codec G.711 

A-law has the capability of quantizing more levels at a low-signal level.  

3.3 CODEC G.729 

Codec G.729 compresses digitized voice packets of 10 milliseconds in duration.  It 

requires low bandwidth compared to codec G.711 and is primarily used in VoIP applications 

where bandwidth is always highly regarded and needs to be saved.  It utilizes the conjugate 

structure algebraic code excited linear prediction (CS-ACELP) and operates on a bit rate of 8 

kbit/s. Other extensions to it provide different bit rates. Annex (D, F, H, I, C+) works with 6.4 

kbit/s, with a downgraded voice quality, and Annex (E, G, H, I, C+) works with 11.8 kbit/s for 

better speech quality. G.729a and G.729b are an extension of G.729 and provide numerous 

features, which are out of the scope of this thesis. G.729 and G.729a are interoperable, whereas 

G.729b is interoperable with G.729ab. 

3.4 CODEC G.723 

Codecs G.723 and G723.1 are two entirely different codecs. G.723 is based on the ITU-T 

standard speech codec. G723.1 shrinks audio into chunks of 30-millisecond frames. Its algorithm 

has a look-ahead of 7.5 milliseconds, which results in a total delay of 37.5 milliseconds. G723.1 

has operability over two bit rates:  6.3 Kbit/s, using a 24-byte payload, and 5.3 Kbit/s, using a 

20-byte payload. Its sampling frequency is 8 KHz/16 bits, i.e., 240 samples for a 30-millisecond 

payload and fixed frame size. G723.1 is a hybrid speech coder. It works on a high bit rate using 

multi-pulse maximum likelihood quantization (MP-MLQ), as well as a low bit rate using 

algebraic code excited linear prediction (ACELP). The experiments in this thesis were limited to 
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these three codecs only, but the results can be easily extended to any voice codec provided with 

PPS and payload size. 

3.5 VoIP Codecs Negotiation 

 The Session Initiation Protocol is an application layer protocol that is used to establish a 

VoIP call. It is text-based and easy to understand. A softphone uses SIP protocol to register with 

the proxy server. When the user dials some number from a softphone, an SIP invite message is 

sent to the proxy server. The SIP server then checks the number dialed, and if it is reachable, it 

sends the SIP ringing message to the softphone and an incoming call alert to the called party. 

When the called party picks up the phone, it sends a SIP 200 OK message to indicate that the call 

setup is complete. Figure 2 shows a VoIP call setup using the SIP. 

 

Figure 2: VoIP call setup using SIP protocol. 
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The content of these SIP messages is out of scope of this thesis. But it should be 

understood that they also contains audio codec information that will be used for the VoIP 

session. In order to have successful communication codecs on both sides, the called and calling 

parties must match. Typically, codecs are negotiated in the call setup phase and are fixed for the 

call duration. In Chapter 5, an algorithm ECSA to change this codec in the middle of an active 

call is proposed. 
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CHAPTER 4 

 
PRELIMINARY EMPIRICAL STUDY 

 
 
4.1  Experimental Setup 

For the experiments, an emulated VoIP based on specified payload size and packet 

intervals specified for each codec were used. Emulating VoIP has the advantage of repeatability, 

whereby each experiment is based on the same traffic characteristics. Furthermore, it allows for 

focus on the traffic characteristics and their impact on energy consumption and not on the 

application-specific characteristics, which could be proprietary in some implementations. Figure 

3 shows the setup for emulated VoIP. The conformity of the results is confirmed based on 

payload and packet intervals with the Distributed Internet Traffic Generator (D-ITG) from ITU-T 

that was designed for VoIP emulations.  

 

Figure 3: Testbed setup for emulated VoIP 

 . 
 

This setup consisted of two Lenovo SL400 laptops running Ubuntu 9.10. One of the 

laptops was used to initiate the VoIP call, while the other was used to receive the traffic. A shell 

script fetched the current battery state and started the call. Once the call was completed, it again 
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fetched the battery state. The difference in energy, before and after the call, is the energy 

consumed by that call.  This experiment was repeated with multiple codecs and different call 

durations. Reading the battery state as opposed to direct power measurements of the wireless 

interface allowed for the inclusion of effects of other components of a portable device and not 

just the wireless interface. From a user’s perspective, the energy consumed from the battery is 

most relevant. 

4.2  Codec Energy Consumption 

Figure 4 shows a comparison of energy consumption by the three codecs. These results 

were obtained using codec payload size and packets per second for VoIP traffic.  

 
Figure 4: Comparison of codec energy consumption using codec payload-size and 

packets-per-second parameters 

 
Initially all codecs consumed the same energy; the difference in energy was unnoticeable. 

When the call duration was increased from three minutes, this difference in energy was clearly 
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visible. It can be seen that G.711 consumes more energy than any other codec, and G.723 is the 

least-energy-consuming codec due to the fact that G.723 is using a lesser payload and 

transmitting fewer packets than other two. These results seem obvious but have not been studied 

before in terms of quantifying energy consumption. 

4.3  Packets Rate and Payload Considerations 

Packets per second and payload size are two important parameters that must be taken into 

consideration (the various codec parameters were shown previously in Table 1). Comparing 

G.711 and G.729, both codecs sent the same number of packets per second, but G.711 had 8 

times as large a payload compared to G.729. It is evident that since G.711 had a larger payload, it 

should have consumed more energy, which is verified by the plot in Figure 4. 

Both G.729 and G.723 have the same payload size, but the number of packets they sent 

was different. Result show that G.723 was the more energy-efficient codec due to a fewer 

number of packets sent per second. This indicates that the overhead associated with sending 

packets is a bigger determinant in energy consumption than the payload size. 

4.4  Talk Time Improvement for Laptop 

The results in this and the next subsections led to proposing an algorithm for codec 

switching. The experiments employed Lenovo SL400 series laptops. The fully charged battery of 

this laptop has an average capacity of 50,000 mWh, and it took three hours and 15 minutes to 

discharge under the idle condition. Thus, when idle, it discharged at the average rate of 50 000 

mWh/195 min = 256.41 mWh/min. Codec G.711 consumed, on the average, energy of 45.56 

mWh/min, so the talk time can be calculated as (50,000 mWh)/(256.41 + 45.56) = 165.58 min. 

The energy consumption for codecs G.729 and G.723 was 40.60 mWh/min and 35.83 mWh/min, 



  

18 

respectively, which results in talk times of 168.34 min and 171.1 min, respectively for similar 

calculations as shown previously. 

Table 2 summarizes the results of this experiment; some of which were used to calculate 

the optimal codec switching time. 

TABLE 2 

POWER CONSUMED BY EACH CODEC  
 

Codec Power 
(mWh/min) 

Power 
(W) 

G.711 45.56 2.7336 
G.729 40.6 2.436 
G.723 35.83 2.1498 

 

4.5   Talk Time Improvement for Smartphone 

The results obtained for the LG-INCITE smartphone were projected. According to LG, 

the fully charged battery capacity is 4,810 mWh, and it takes 21 days to discharge under standby 

mode. Therefore, it discharges at the rate of 4 810 mWh/21*24*60 min = 0.159 mWh/min. 

Using the same method as above, the corresponding results for a smartphone are G.711: 105.20 

min, G.729: 118.00 min, and G.723: 133.65 min.  

Thus, codecs G.729 and G.723 provide a talk time improvement of 12.16% and 27.04%, 

respectively, over codec G.711. As can be seen in Figure 5, improvement in talk time is more 

dramatic in the case of the smartphone because the wireless LAN is the greatest consumer of 

energy in smartphones. 
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Figure 5: Comparison of talk time: Laptop vs smartphone 
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CHAPTER 5 

ADAPATIVE ALGORITHM 

 
 
5.1 Algorithm Background 

The proposed adaptive codec switching algorithm was developed based on the codec-

switching technique proposed by Daniels [14], which allows switching codecs during a VoIP 

call. The Daniels algorithm will be discussed briefly and then the algorithm will be explained. 

Consider two SIP stations, A and B. A three-way handshake mechanism is needed for a mid-call 

codec negotiation. This negotiation is explained in Figure 6 [14]. If station A determines that the 

codec change is needed, it initiates the change request with a control message containing 

information about the desired codec. Upon receiving the request from Station A, Station B 

replies with the Real Time Transport Protocol sequence number for the new codec transmission 

if the codec is supported by B; otherwise, the request is denied. If the codec is supported by 

station B, then the station sends an ACK to B confirming the RTP sequence number. 

 

Figure 6: Three-way handshake for codec change. 
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Since the emulated VoIP, which sends a constant stream of UDP packets instead of RTP, 

was used in this work, the above algorithm was modified to fulfill the requirements. Since UDP 

packets do not use any sequence number, the simplified version of the above algorithm was to 

directly switch the codec without sending any control messages. It was assumed that energy 

consumed by these message transfers would be minimal and could be ignored. Thus, the 

proposed algorithm directly switches the codec based on the optimum switching time without 

sending any control messages. When the receiving station sees a different codec, it starts 

decoding the voice with the new codec, since this transition/switching is unnoticeable by the 

user. 

5.2 Adaptive Algorithm. 

The results in section 4.2 led to the proposal of this algorithm. As can be seen in the 

results, higher-quality codecs consume more energy than lower-quality codecs. Thus, one 

solution to minimize energy consumption is to use a lower-quality codec for the complete 

duration of the call. However, there is a tradeoff in using lower-quality codecs. If they are used 

for the complete duration, then less energy will be consumed, but at the cost of lower call 

quality. The better solution would be to use a combination of lower- and higher-quality codecs in 

order to satisfy the quality constraints. Below is the problem statement that was solved in this 

thesis. 

Problem Statement:  Given n codecs, compute an optimal set of usage durations for 

each codec that minimizes energy consumption while meeting call-quality requirements. 

Thresholds t1, t2, … , tn-1  are specified for switching across n codecs C1, C2, … , Cn 

ordered in terms of decreasing call quality (and decreasing energy consumed based on results in 



  

22 

the previous section). If Q1, Q2 …Qn are the call qualities provided by each codec, then the 

problem can be formulated as 

 Minimize E = P1t1 + P2t2 + …+ Pntn  (4) 
 
 Q1t1 + Q2t2+….+Qntn  ≥  T Q   (5) 
 
 t1+t2+…tn+ = T (6) 
 
 ti  ≥ 0 , for all i=1 to n (7) 

 
where P1, P2….Pn are the power consumed by each codec, and T is the total call duration. Two 

different cases for solving these equations were considered: (a) call duration T is known 

beforehand, and (b) call duration T is unknown. 

a. Call duration T is known beforehand 

There are situations where T will be known in advance, for example, in the case of a 

conference call among various branches of an enterprise having a fixed-call duration. Calling 

someone before the beginning of a class, seminar, or meeting provides a good estimate within an 

upper-bound of the call duration. In all the above cases, the call duration is known beforehand. 

Thus, the problem is simply reduced to finding optimum switching times for codecs with the 

desired call quality. The input needed in this case would be only the call duration T and the 

desired call quality Q  . 

The call duration and desired call quality Q  is passed as an input in order to obtain 

optimal codec switching times. The call is then run on specific codecs based on the switching 

times provided by the solution. As soon as the first codec’s running time expires, the call is 

switched to the next lower-quality codec, and this process continues for n codecs until the end of 

a call. 
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b. Call duration T is unknown 

The estimation method was used to estimate the call duration when T is unknown 

beforehand. Data in prior work found the log-logistic distribution [15] to be a good fit to model 

call durations. In this thesis, an upper-bound for estimation as exceeding an estimated value 

results in lower quality then desired was used. On startup, this algorithm estimated the call 

duration T. This estimation is a result of a given call quality Q   and the miss ratio   by which 

this quality should be achieved. These parameters were used to calculate the optimum codec 

switching interval in order to minimize energy consumption and meet call-quality requirements. 

The basic formulas for the log-logistic distribution are [15] 

 CDF = 
 

          (8) 

 Inverse CDF (quantile) = α  

   
 

 

  (9) 

where α is the scale parameter, and β is the shape parameter. The inverse cumulative density 

function (CDF), or quantile function, gives the value of function at any given probability value.  

Thus, given the value of probability, the call duration can be easily estimated. Given the value of 

the desired call quality Q   and miss ratio   , the optimum codec switching interval can be easily 

calculated. This codec switching interval is key in minimizing the energy consumption. If the 

higher call quality is desired, with a high miss ratio of achieving it, then the call is started with a 

high-quality codec (G.711 in this case), which results in less energy savings. This energy savings 

can be maximized if the miss ratio of achieving the same call quality is low.  

Figure 7 represents the CDF and inverse CDF, also called quantile of log logistic 

distribution, used to estimate T. 
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Figure 7: CDF and inverse CDF of log logistic distribution. 
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5.3  Algorithm Pseudo-Code  

The pseudo code below explains the algorithm:  

Step 1:  If call duration T is known, 

 Then input: Q   and T and GOTO Step 2. 

If call duration T is unknown, 

 Then input: Q   and miss ratio   and GOTO Step 3. 

Step 2: Solve for codec switching time using Q   and T values and skip Step 3. 

Step 3:  Estimate T using log logistic distribution (with miss ratio   as input). 

Step 4: Start call with the first codec available in the list (usually higher-quality codec). 

Step 5: When codec running time ends, switch to next codec in the list. 

Step 6: Repeat Step 5 until call is finished. 

5.4  Estimation Penalty 

Since the log logistic distribution is used for estimating the call duration, there is a 

possibility that the estimation can go wrong. There are three different cases for the estimated call 

duration: 

a. Actual call duration is same as estimated call duration:  Here, optimal performance is 

attained, and the energy consumed by the ECSA is the same as the actual energy 

consumed. In this case, the optimum amount of energy is saved and the desired call 

quality is guaranteed.  

b. Actual call duration is less than estimated call duration: The energy consumption in this 

case is less than the estimated energy consumption by the proposed algorithm, and the 

maximum energy is saved and the desired call quality is guaranteed. In fact the actual call 
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quality will be more than the desired call quality since the call will end before completing 

part of its duration on lower-quality codecs. 

c. Actual call duration is more than estimated call duration:  In this case, the estimated 

energy consumption will be less than the actual energy consumption, and the actual call 

quality will be lower than the desired call quality. This case does not meet call-quality 

requirements, but the penalty is due to user-provided parameters. If the user is very 

conscious about call quality, then a lower miss ratio value should have been given. This 

value will eventually result in either case a or case b, allowing for an estimate of higher 

call durations, thus saving more energy and meeting call-quality requirements. 
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CHAPTER 6 

 
EVALUATION OF ADAPTIVE ALGORITHM 

 
 
6.1  Energy Calculations for Codecs 

The new algorithm was evaluated with the three most commonly used VoIP codecs: 

G.711, G.729, and G.723, but this algorithm can be used for any n number of codecs. As can be 

seen from the results in Table 2 in section 4.4, the power consumed by G.711, G.729, and G.723 

are 2.7336 W, 2.436 W, and 2.1498 W, with a log logistic distribution using α = 51 and β = 1.59 

[15]. Figure 8 shows the cumulative density function of these call samples. 

 

Figure 8: CDF for random samples generated using log logistic distribution. 
 

The codec switching time values of Q  3.7, Q  3.8, Q  3.9, and  Q  4.0   were calculated by 

the algorithm for each value of Q   at various miss ratios  , as follows: 
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Q  3.7 =   

                                
                                
                                 
                                 

    

 

                        

Q  3.8 =         

                                 
                                  
                                   
                                   

     

 

 

Q  3.9 =         

                               
                               
                                
                                 

     

 

 

Q  4.0 =         

                                 
                                 
                                   
                               

     

 

To calculate the percentage improvement over G.711, three different call samples—

24.9575, 257.1577, and 68.5347—were used. This calculation was done for Q  3.7 and   = 0.05. 

Using equation (1) from section 5.2, the following can be written: 

EG.711 = P1Ta = 2.7336 x 24.9575 = 68.2238, where Ta is the actual call duration. 

For this call duration, the algorithm would have consumed 

    t1           t2                     t3 
  = 0.05 
  = 0.1 
  = 0.2 
  = 0.4 
 

    t1           t2                     t3 

  = 0.05 
  = 0.1 
  = 0.2 
  = 0.4 
 

        t1           t2                     t3 

    t1                 t2                  t3 

  = 0.05 
  = 0.1 
  = 0.2 
  = 0.4 
 

  = 0.05 
  = 0.1 
  = 0.2 
  = 0.4 
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EAlgo. = 2.7336 x 0 + 2.436 x 24.9575 = 60.7964, where t1 = 0. 

Since Ta < t2, G.729 will only be used for Ta duration. Thus the percentage improvement (PI) is 

given by 

 PI = (EG.711 - EAlgo.)/ EG.711 (10) 

Putting the values in equation (1) gives a PI of 10.8867% over G.711. Similarly for durations of 

275.1577 and 68.5347, the energy calculations would be as follows: 

EG.711 = P1Ta= 2.7336 x 257.1577 = 702.9662 

EAlgo. = 2.7336x0 + 2.436 x 60.1761+ 2.1498 x (257.1577–60.1761) = 570.0600 

PI = 18.9065% 

EG.711 = P1Ta = 2.7336 x 138.5043 

EAlgo. = 2.7336 x 0 + 2.436 x 60.1761 + 2.1498 x (68.5347–60.1761) = 164.5582 

PI = 12.1636% 

6.2 Percentage Improvement over G.711 

Figure 9 shows the percentage of improvement over G.711 for each value of Q   at four 

different miss ratios. As can be seen, there is a percentage improvement of 18.2031% when the 

Q   value is 3.7, because the algorithm used lower-quality codecs in order to achieve this desired 

call quality, hence resulting in lower energy consumption. When the Q   value is high, as it is 

close to G.711, there is not a significant performance gain over G.711, since the algorithm is 

primarily using G.711 in order to meet quality constraints. In this case, maximum improvement 

of 5.15% is gained. Figure 9 also shows the percentage improvement when T is known, which 

means that the estimated call duration is the same as the actual duration. In this case, maximum 
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percentage improvement is obtained for any value of Q  . For Q   of 3.7, this maximum is 

24.1%, and for Q  of 4.0, this maximum is 6.43%. 

 

Figure 9: Percentage improvement for call duration using proposed algorithm. 
 
 

It must be remembered that these results are for a laptop. As shown in the previous 

sections, results for a smartphone are expected to provide more energy savings due to the larger 

share of power consumed by the wireless interface in these devices as compared to a laptop. If 

the smartphone had been used for the previous results, it is likely that the gain in talk time would 

be more, as compared to G.711. 
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CHAPTER 7 

 
FUTURE WORK AND CONCLUSION 

 
 

7.1 Future Work and Implementation 

This thesis presented the experimental results for the energy consumption of codecs using 

a laptop. An adaptive algorithm to switch the call to lower quality codecs in order to save energy 

was also presented. Better energy savings are expected while using a smartphone for the same 

experiments. This algorithm can be deployed on any portable device using multiple codecs for a 

VoIP call setup, it can be easily integrated with the SIP protocol, and it will also work as a 

separate entity. Once the optimum codec switching times are calculated, the only task performed 

by the algorithm is to start sending the RTP with the appropriate codec. Future work would be to 

study the same algorithm using smartphones. The prototype implementation of this algorithm 

would need changes to the calling party; however, no changes would be needed on the 

infrastructure of the network. The software implementing this codec could be installed on the 

calling device, and the device could switch to the appropriate codec. 

In this thesis, MATLAB linear programming function was used to solve the equations 

presented in section 5.2. This algorithm would require that this linear programming function be 

implemented in software. 

7.2 Conclusion 

In this thesis, we quantified the impact of various codecs on the energy consumption of 

VoIP applications. This thesis mainly focused on portable devices running VoIP applications 

because better battery lifetimes are needed. Different VoIP codecs including G.711, G.729, and 

G.723 were studied. Results show that G.711 is the most energy-consuming codec, whereas 

G.723 is the least energy-consuming. Codec G.729 consumes more energy that than G.723 but 
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less energy than G.711. Thus, G.729’s energy-consuming characteristics fall between the other 

two codecs. 

  A simple codec switching mechanism (ECSA) that switches the codec in the middle of 

an active call in an attempt to meet battery lifetime constraints was proposed. Results indicate 

that considerable performance gain in terms of talk time and battery capacity can be achieved 

with such energy-aware dynamic codec switching. For instance, a maximum improvement of 

24.1% and minimum improvement of 6.43% are gained over G.711 using ECSA. 
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APPENDIX 

 

VOIP EMULATION PROGRAM IN C AND MATLAB PROGRAM FOR SOLVING 

OPTIMIZATION PROBLEM 

 

 

(a) VoIP Emulation Computer Program In C 

 

 

The following code was written to get the results from emulated VoIP: 

#include <unistd.h> //////////////////////////////////////////// 

#include <stdio.h> // Header Files For Various Function // 

#include <string.h> // Used in Program // 

#include <stdlib.h> //////////////////////////////////////////// 

#include <time.h> 

 

int convertint(void);///// Convert char in to integer //// 

void codec711(void); 

void codec729(void); 

void codec723(void); 

 

int zz,p,q,r,v,p1,q1,r1; 

float zs,s,t,u; 

void main(void) 

{ 

int x,z; 

x=system("./battery&"); 
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APPENDIX (continued) 

 
 

zz=convertint(); 

v=19500; //some constant amount  

zs=zz-v; 

zz=(int)zs; 

s=(float)(2)/(float)(3)*zs; 

t=(float)(1)/(float)(3)*zs; 

p1=(int)zs-(int)t; 

q1=p1-(int)t; 

r1=q1-(int)t; 

printf("%d %d %d %d\n",(int)zs,p1,q1,r1); 

p=p1+v; 

q=q1+v; 

r=r1+v; 

codec711(); 

} 

void codec711 (void) 

{ 

int z; 

char ch; 

time_t start,finish,seconds; 

///// This initates the background program script 7.11 codec//// 
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APPENDIX (continued) 
 
 

int y = system ("/home/user/Desktop/Naeem/D-ITG-2.7.0-Beta2/bin/./ITGSend 

/home/user/Desktop/Naeem/ScriptFile71120.txt&"); 

start=time(NULL); 

do { 

  z=convertint(); 

} while ( z >= p); 

finish=time(NULL); 

printf("G.711 call was: %ld Seconds \n", finish-start); 

printf("711 switching to 729 z: %d\n",z); 

if ( z < p && z > q) 

   { 

 puts("Swtiching to 729 codec"); 

 codec729(); 

   }  

else  

  { 

 puts("Switchig to 723 codec from 711"); 

 codec723(); 

  } 

} 

void codec729 (void) 
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APPENDIX (continued) 
 
 
{ 

int z; 

int x=system("killall ITGSend"); 

time_t start,finish,seconds; 

///// This initates the background program script 7.29 codec///// 

int y = system ("/home/user/Desktop/Naeem/D-ITG-2.7.0-Beta2/bin/./ITGSend 

/home/user/Desktop/Naeem/ScriptFile72920.txt&"); 

start=time(NULL); 

do { 

  z=convertint(); 

} while ( z >= q); 

finish=time(NULL); 

printf("G.729 call was: %ld Seconds \n", finish-start); 

printf(" G.729 swithcing to G.723 z: %d\n",z);  

if ( z < q && z > r ) 

{ 

puts("Switching to G.723 codec from G.729"); 

codec723(); 

} 

} 

void codec723 (void) 
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APPENDIX (continued) 

 

 
{ 

int z; 

time_t start,finish,seconds; 

int x=system("killall ITGSend"); 

///// This initates the background program script 7.23 codec///// 

int y = system ("/home/user/Desktop/Naeem/D-ITG-2.7.0-Beta2/bin/./ITGSend 

/home/user/Desktop/Naeem/ScriptFile72320.txt&"); 

start=time(NULL); 

 

do { 

  z=convertint();  

} while ( z >= r); 

finish=time(NULL); 

printf("G.723 call was : %ld Seconds \n", finish-start); 

if (z < r-20) 

puts("Low battery , Please recharge..."); 

x=system("killall ITGSend"); 

x=system("killall battery"); 

} 

int convertint (void) 

{ 

//File where the battery value stores //// 
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APPENDIX (continued) 

 
  if (!fs) 
   { 
    puts ("Cannot open file"); 
                                exit(0); 
   } 
   
                do { 
       ch=fgetc(fs); 
       temp[a]=atoi(&ch);         
   a=a+1; 
     } while (ch != EOF); 
c=(temp[0]*10000)+(temp[1]*1000)+(temp[2]*100)+(temp[3]*10)+(temp[4]*1);/// integer 
calculation ///        
 sleep (1);  

 fclose(fs); 

        return(c); 

}//// close function body //// 

The above C program and this shell script were run together to get the desired functionality. 

//battery.sh 

for (( i=1; i<=10; i++)) 

do  

more /proc/acpi/battery/BAT0/state | egrep "remaining capacity" > 

/home/user/Desktop/Naeem/AdaptiveAlgo/resultsc.txt 

cut -f2 -d: resultsc.txt | sed s/[^0-9]//g > /home/user/Desktop/Naeem/AdaptiveAlgo/resultsc1.txt 

sleep 2s 

done 
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APPENDIX (continued) 

 

(b) MATLAB Program for Solving Optimization Problem 

 

The following code was used to solve equations: 

function [t,fval]=solveT(qbar) 

T=[324.9509 203.1060 151.8312 121.9619 101.7762 86.89647 75.25578 65.81417 57.86042 

51]; 

f=[2.7336 2.436 2.1498]; 

A=[-4.1 -3.92 -3.65]; 

Aeq=[1 1 1]; 

lb=[0 0 0]; t=[12;0;28]; 

for j=1:10, 

    b=-qbar.*T(j); 

    beq=T(j); 

    [t(:,:,j),fval(j)]=linprog(f,A,b,Aeq,beq,lb); 

end 

Following functions were used to generate random call samples. 

function r=loglrnd(m,n,mu,sigma) 

p= rand(m,n); 

r = exp(log(p./(1-p)).*sigma + mu); 

function q=randgen(m,n,alpha,beta) 

q=loglrnd(m,n,alpha,beta); 

end 
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APPENDIX (continued) 

 

 
The following code was used to solve for Percentage Improvement: 

function [PI]=Tsolve() 

T=[24.9575  257.1577 34.4890 21.0035 25.6031 68.5347 47.5957 34.6490 138.5043 63.2191]; 

for i=1:10, 

E711=2.7336*T(i); 

        for j=1:5, 

            switch j 

                case 1  

                    PI(i,j)=T(i); 

                case 2 

                    t1=0; t2=300.8804; t3=24.0704; 

                        if T(i)<=t2 

                            E=2.7336*t1 + 2.436*T(i); 

                        else 

                            E=2.7336*t1+2.436*t2+(T(i)-t2)*2.1498; 

                        end 

                        PI(i,j)=(E711-E)*100/E711; 

                case 3 

                    t1=0; t2=188.0611; t3=15.0449; 

                         if T(i)<=t2 

                            E=2.7336*t1 + 2.436*T(i); 

                        Else 
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APPENDIX (continued) 

 

 
                            E=2.7336*t1+2.436*t2+(T(i)-t2)*2.1498; 

                        end 

                        PI(i,j)=(E711-E)*100/E711; 

                case 4 

                    t1=0; t2=112.9277; t3=9.0342; 

                         if T(i)<=t2 

                            E=2.7336*t1 + 2.436*T(i); 

                        else 

                            E=2.7336*t1+2.436*t2+(T(i)-t2)*2.1498; 

                        end 

                        PI(i,j)=(E711-E)*100/E711; 

                case 5 

                        t1=0; t2=60.9360; t3=4.8751; 

                         if T(i)<=t2 

                            E=2.7336*t1 + 2.436*T(i); 

                        else 

                            E=2.7336*t1+2.436*t2+(T(i)-t2)*2.1498; 

                        end 

                        PI(i,j)=(E711-E)*100/E711; 

                otherwise 

                    disp('Naeem'); 

            end 
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APPENDIX (continued) 

 

 
        end 

end         

end 
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