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Abstract 

In Voice over Internet Protocol (VoIP) system, the speech signal is degraded when passed 

through the network layers. The speech signal is processed through the best effort policy 

based IP network, which leads to the network degradations including delay, packet loss and 

jitter. The packet loss is the major issue of the degradation in the VoIP signal quality; even a 

single lost packet may generate audible distortion in the decoded speech signal. In addition to 

these network degradations, the quality of the speech signal is also affected by the 

environmental noises and coder distortions. The signal quality of the VoIP system is 

improved through the interleaving technique. The performance of the system is evaluated for 

various types of noises at different network conditions. The performance of the enhanced 

VoIP signal is evaluated using wideband extension-perceptual evaluation of speech quality 

(WB-PESQ) measurement for wideband signal.   
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1. Introduction 

Voice over IP is an advancing technology that is used to transmit voice over the 

internet or a local area network using internet protocol (IP) [1].This technology 

provides enhanced features such as low cost compared to the traditional Public 

Switched Telephone Network (PSTN). VoIP system costs as much as half the 

traditional PSTN system in the field of voice transmission. This is because of the 

efficient use of bandwidth requiring fewer long-distance trunks between switches 

[2].Packet switched networks like Internet, are based on the Best -effort policy which 

does not guarantee a minimum packet loss rate and a minimum delay of packet 

transmission required for VoIP system. This results in harmful effects on the quality of 

VoIP, since speech packets can be discarded when routers or gateways are congested. 

Due to the real time requirement for interactive speech transmission, it is usual ly 

impossible for the receivers to request the sender to retransmit the lost packets. When 

voice packets do not arrive before their playout time, they are considered as lost and 

cannot be played when they are received. One of the most difficult problems in  such 

networks is the packet loss issue. Even a single lost packet may generate audible 

distortion in the decoded speech signal. To reduce the effect of packet loss on perceived 

speech quality, the lost packets have to be regenerated at the receiver using packet loss 

concealment algorithms.  

The brief description of the related work is presented in Section 2. The Section 3 

presents the brief description of the interleaving packet concealment technique. The 
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modeling of the IP network and VoIP simulations are presented in Section 4. The 

various performance evaluation results are presented in the Section 5. The conclusion 

and future scope of the work is presented in the last section.    
 

 

Figure 1. Flow Chart for Proposed System 
 

2. Related Work 

Goodman et.al had used Waveform substitution algorithms successfully for pulse 

code modulation (PCM) speech coder.  The lost packets were also regenerated with the 

use of time scale modification algorithms [3, 4]. The lost packets were also regenerated 

with the use of time scale modification algorithms [5, 6]. Voicing classification 

technique had also been used to conceal the lost packets by estimating the excitation 

signal of the missing packets [7]. Feng et.al implemented ITU-T G.729 and G.723.1 

speech codecs on TMS320C6201 DSP processor. The optimization methods used in the 

work had reduced the speech processing time. G.729 codec was able to process 

concurrently 20 voice channels and G.723.1 codec able to process 18 voice channels 

with single TMS320C6201 chip in IP telephony gateway [8, 9]. Langi [10, 11] had 
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implemented ITU-T G.723.1 voice codec algorithm for VoIP gateways on 

TMS320C5402 DSP processor and use optimization techniques to improve processing 

time. Han et.al [12] had raised the issue of noise reduction for VoIP speech codecs. The 

authors proposed a modified Wiener filter based noise reduction scheme optimized to 

the estimated SNR at each frequency bin as a logistic function.  

   The work in this paper presents the improvement in the signal quality of the VoIP 

system through interleaving technique. The noisy speech signal is encoded with various 

wideband speech coders and the efficiency of the system is tested at varying packet loss 

rate and varying packet sizes network conditions. 

 

3. Interleaving 

To reduce the effect of packet loss on perceived speech quality, the lost packets have 

to be regenerated at the receiver using packet loss concealment algorithms.  Interleaving 

technique is widely used packet loss concealment technique, when the multiple frames 

are used in single VoIP packet for concealment of the lost packets during VoIP 

communications. The interleaving scheme is incorporated into the VoIP system as 

presented in the Figure 1. In interleaving method, the data in N consecutive frames can 

be mixed together before transmission. The effect of packet loss during the transmission 

is assumed to spread over the N consecutive mixed frames in the process of interleaving. 

In this way, the loss of single packet destroys only a few bits from each frame. The 

process of interleaving reduces the effect of loss but at the expense of the substantial 

delays [13].  

 

 

Figure 2. Interleaving Packet Loss Concealment Scheme: (a) Original Four 
Frames; (b) Four Frames Interleaved; (c) Frame Loss; (d) Reconstructed 

Frames 
 

In this work, the four consecutive frames are interleaved before transmission and 

each frame is divided into 4 sub-frames for AMR-WB coder. The first sub-frames of 

each are grouped to form the first frame. The second sub-frames of each frame are 

concatenated to form the second frame. The third sub-frames of each frame are 

concatenated to form third frame. Then, the fourth sub-frames of each frame are 

concatenated to form the fourth frame. This interleaved data packets are then 

transmitted into IP network, where the packet loss occurs. After transmission, the loss 

of a single packet from an interleaved data stream results in multiple small gaps in the 
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reconstructed stream. The whole interleaving process over four consecutive frames is 

depicted in Figure 2.  

 

4. IP Network Modeling  

The simulation of VoIP system was performed where each packet contains one frame. 

Packet losses are not independent on a frame-by-frame   basis, but appear in bursts. The 

packet loss can be approximated by Markovian loss model such as Gilbert model, as 

discussed by Bolot in [14]. Most research in VoIP networks uses a Gilbert Model to represent 

packet loss characteristics, since the complexity is increased through the higher order Markov 

models [15]-[18]. Thus simulation of IP network was performed by using a 2-state Gilbert 

Model. The model has two states reflecting whether the previous packet is received or lost. 

The state “0” represents that a packet being correctly received and state “1” represents that a 

packet being lost.  The Gilbert model is shown in Figure 3.  
 

 

Figure 3. Two State Gilbert Model 
 

Let p  be the transition probability for the network model to drop a packet given that the 

previous packet is delivered i.e. the probability for network model to go from state “0” to 

state “1”. Let q  is the probability for the network model to drop a packet given that the 

previous packet is dropped, i.e. the probability for the network model to stay in state “1”. This 

probability is also known as the conditional loss probability.  

Let 0p  and 1p  denote the probability of the network model to be in state 0 and 1.The 

probability for a packet to be dropped regardless whether the previous packet is delivered or 

dropped i.e. the unconditional loss probability is exactly the probability for the network 

model to be in state 1 ( 1)p . 
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Table 1. Simulated Loss Rates 
 

 

 

 

 

 

 

 

 

 

 
 

 

 

4.1. VoIP Simulations  

The speech signal is encoded into VoIP frames using AMR-WB [19] codec at different 

data rates according to the network conditions in wideband VoIP system. The network 

impairments were introduced into VoIP frames with the modeling of the IP network through 

above discussed Gilbert model. The speech signal of VoIP system is degraded at different 

packet loss rates (PLR), which are simulated through different combinations of the p and q, as 

discussed in Table.I.  The performance is evaluated with wideband extension-perceptual 

evaluation of speech quality (WB-PESQ) measurement defined by ITU-T recommendation 

P.862.2 [20] for wideband VoIP system. After comparing the degraded signal with the 

original one, the WB-PESQ measurement gives the subjective measurement as Mean Opinion 

Scores (MOS) value.   

 

5. Results & Discussion 
 

5.1. Wideband VoIP System without Background Noise 

 The simulations for the VoIP system are performed through 2-state Gilbert model and for the 

concealment of the lost packets, interleaving is incorporated into the system. The speech 

signal is encoded with various AMR-WB codec at bit rate of 6.6 kbps and the performance 

results of the interleaving based system are compared for various packet loss rates and for 

varying VoIP packet sizes. The speech samples for both male and female are taken from [21]. 

The overall perceptual speech quality is measured between the reference speech signal and 

the degraded speech signal with loss by WB-PESQ (P.862.2) for wideband VoIP signal. 

5.1.1. Variation of Packet Size and Packet Loss Rate: The gain in WB-PESQ MOS scores 

is taken at different packet loss rates for interleaved output. The results for wideband VoIP 

system are presented in Table II.  The significant improvement can be noticed in the results 

obtained with interleaving scheme in VoIP system at various network conditions. The 

proposed system with interleaving packet loss concealment gives much better results for 

various packet sizes.  

 

PLR (%) p q 

0 0 0 

2 0.0032 0.15 

4 0.0120 0.25 

8 0.0250 0.25 

10 0.1000 0.85 
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Table 2. Comparison Results for Interleaving for AMR-WB 6.6 kbps based 
Wideband VoIP Signal 

 

PLR 

(%) 

Packet Size=20 ms Packet Size=40 ms Packet Size=80 ms Packet Size=120 ms 

None 
Inter-

leaving 

 

None 
Inter-

leaving 

 

None 
Inter-

leaving 

 

None 
Inter-

leaving 

 
2 3.49 3.72 3.41 3.63 3.39 3.57 3.34 3.52 

4 3.37 3.64 3.30 3.58 3.24 3.48 3.15 3.37 

8 3.24 3.53 3.16 3.45 3.08 3.33 2.89 3.14 

10 3.11 3.43 3.00 3.32 2.89 3.21 2.60 2.86 

 

 

Table 3. Comparison Results Interleaving with AMR-WB at 15.85 kbps Coded 
VoIP Signal in Noisy Environment  

 

SNR 

 

PLR 

(%) 

Packet Size=20 ms Packet Size=40 ms Packet Size=80 ms Packet Size=120 

ms 

None 
Inter-

leaving 

 

None 
Inter-

leaving 

 

None 
Inter-

leaving 

 

None 
Inter-

leaving 

 
 2 2.51 2.78 2.49 2.74 2.42 2.67 2.38 2.60 

0 dB 4 2.37 2.68 2.36 2.63 2.29 2.56 2.26 2.50 

 8 2.16 2.48 2.10 2.38 2.04 2.33 1.98 2.24 

 10 2.07 2.41 1.99 2.29 1.95 2.27 1.88 2.18 

 2 2.79 3.07 2.74 3.00 2.67 2.94 2.60 2.84 

5 dB 4 2.63 2.95 2.59 2.88 2.57 2.86 2.52 2.78 

 8 2.42 2.76 2.31 2.61 2.23 2.55 2.13 2.41 

 10 2.27 2.63 2.19 2.53 2.11 2.45 2.01 2.32 

 2 3.18 3.48 3.08 3.37 3.03 3.29 2.97 3.24 

10 

dB 

4 3.04 3.36 2.94 3.25 2.88 3.19 2.82 3.11 

 8 2.95 3.30 2.84 3.19 2.75 3.09 2.69 3.01 

 10 2.85 3.22 2.76 3.13 2.66 3.03 2.56 2.93 

 2 3.59 3.89 3.49 3.79 3.41 3.68 3.34 3.64 

15 

dB 

4 3.47 3.81 3.36 3.69 3.27 3.60 3.20 3.53 

 8 3.32 3.65 3.18 3.57 3.07 3.47 3.01 3.37 

 10 3.11 3.51 3.01 3.42 2.92 3.33 2.85 3.25 

 



International Journal of Advanced Science and Technology 

Vol. 44, July, 2012 

 

 

55 

 

5.2. Wideband VoIP System with Background Noise 

The simulations for VoIP system are performed in noisy environment with different types 

of background noises including babble, car and street at SNR of 0, 5, 10, 15 dB. The speech 

signal is encoded with various wideband AMR-WB coder and the overall perceptual speech 

quality is measured between the reference speech signal and the degraded speech signal with 

loss by WB-PESQ for wideband VoIP signal. The noisy and clean speech samples for both 

male and female are taken from [22]. The performance results of the proposed system are 

evaluated for varying packet loss rates and for VoIP packet sizes in various noisy conditions. 

5.2.1. Variation of Packet Size and Packet Loss Rate: The average gain in PESQ MOS 

scores is taken for various noise types at different packet loss rates for interleaved output. The 

comparison results for wideband VoIP system are presented in Table III- Table IV.  The 

significant improvement can be noticed in the results obtained with interleaving scheme in 

VoIP system at various network conditions. The proposed system with interleaving packet 

loss concealment gives much better results for various packet sizes.  

 

Table 4. Comparison Results for Interleaving with AMR-WB 18.25 kbps Coded 
VoIP Signal in Noisy Environment 

 

SNR 

 

PLR 

(%) 

Packet Size=20 ms Packet Size=40 ms Packet Size=80 ms Packet Size=120 

ms 

None 
Inter-

leaving 

 

None 
Inter-

leaving 

 

None 
Inter-

leaving 

 

None 
Inter-

leaving 

 
 2 2.55 2.88 2.52 2.81 2.47 2.71 2.40 2.66 

0 dB 4 2.48 2.83 2.44 2.77 2.39 2.68 2.32 2.63 

 8 2.39 2.76 2.35 2.69 2.30 2.59 2.22 2.54 

 10 2.31 2.69 2.30 2.66 2.24 2.56 2.16 2.50 

 2 2.80 3.12 2.77 3.05 2.71 2.98 2.65 2.91 

5 dB 4 2.61 2.95 2.66 2.99 2.61 2.92 2.51 2.81 

 8 2.59 2.95 2.55 2.90 2.48 2.83 2.38 2.66 

 10 2.48 2.87 2.44 2.83 2.39 2.76 2.29 2.65 

 2 3.20 3.55 3.17 3.47 3.11 3.38 3.03 3.31 

10 

dB 

4 3.12 3.50 3.09 3.41 3.04 3.33 2.94 3.25 

 8 3.05 3.46 3.01 3.37 2.94 3.29 2.85 3.20 

 10 2.99 3.42 2.96 3.35 2.90 3.29 2.72 3.10 

 2 3.61 3.97 3.57 3.88 3.50 3.82 3.43 3.72 

15 

dB 

4 3.54 3.92 3.51 3.85 3.44 3.77 3.35 3.69 

 8 3.44 3.85 3.40 3.77 3.34 3.70 3.25 3.59 

 10 3.32 3.77 3.29 3.71 3.24 3.65 3.15 3.58 
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5.2.2. Comparison for Various Types of Noises: The comparison results of AMR-WB 

(15.85 kbps and 18.25 kbps) based VoIP system at various packet sizes with varying packet 

loss rates for different noise types is presented in Fig.4-Fig.5 respectively. The average gain 

in MOS scores is taken for various SNR at different packet loss rates for both filtered and 

interleaved output. For wideband VoIP systems, the interleaving scheme results significant 

improvement for each type of noise used in the present work.  

 
 

 

Figure 4. (a) Packet Size= 20 ms 
 

 

 

Figure 4. (b) Packet Size= 40 ms 
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Figure 4. (c) Packet Size= 80 ms 
 

 

 
 

Figure 4. (d) Packet Size= 120 ms 
 

Figure 4 Results for noises at different SNR for interleaved VoIP speech signal coded with 

AMR-WB at 15.85 kbps codec. 

 

 

Figure 5. (a) Packet Size= 20 ms 
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Fig. 5 (b) Packet Size= 40 ms 
 

 

 

Figure 5. (c) Packet Size= 80 ms 
 

 

 
 

Figure 5. (d) Packet Size= 120 ms 
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Figure 5 Results for noise at different SNR for interleaved VoIP speech signal coded with 

AMR-WB at 18.25 kbps codec. 

 

5.3. Discussion  

The significant improvement in the quality of the VoIP signal is achieved with the 

interleaving scheme for different network conditions. The average increase of 0.33 and 0.26 

in MOS scores is achieved with the interleaving scheme for single frame in each packet and 

six frames in each packet in AMR-WB based wideband VoIP system without the background 

noise. The interleaving scheme is also very much effective in the noisy environment.  The 

average gain of 0.33 and 0.38 is achieved for single frame in each packet for AMR-WB at 

15.85 kbps & 18.25 kbps based wideband VoIP system. For multiple voice frames in each 

packet in noisy VoIP system, the average gain in MOS scores for AMR-WB 15.85 kbps & 

18.25 is 0.0.30 and 0.32 for six voice frames in each packet respectively. The significant 

improvement in signal quality with the interleaving scheme is observed for various type 

environmental noises as show in Fig.4 and Fig.5 for AMR-WB at 15.85 kbps and 18.25 kbps.  

The interleaving scheme not only reduces the background noise but also conceals the lost 

packets due to network impairments to improve the speech quality of the VoIP signal. Thus 

interleaving scheme can efficiently be used for VoIP applications.  

 

6. Conclusion  

The work in this paper presented an efficient method for reconstruction of lost packets and 

quality improvement of the VoIP system. The four frames were interleaved to spread out the 

distortion in the signal due to the lost of the packets. The performance of the interleaving 

based VoIP system was evaluated for varying packet loss rate and varying packet size in 

noisy environment. The significant increment in the MOS scores was obtained with 

interleaving of the packets in wideband VoIP system in presence of the various types of 

background noises, too.   
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