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ABSTRACT 
 
In real-time packet-based communication systems one major 
problem is misrouted or delayed packets which results in 
degraded perceived voice quality. When some speech 
packets are not available on time, the packet is known as 
lost packet in real-time communication systems. The easiest 
task of a network terminal receiver is to replace silence for 
the duration of lost speech segments. In a high quality 
communication system in order to avoid quality reduction 
due to packet loss a suitable method and/or algorithm is 
needed to replace the missing segments of speech. In this 
paper, we introduce a recursive low order autoregressive 
(AR) model for replacement of lost speech segment. The 
evaluation results show that this method has a lower mean 
square error (MSE) and low complexity compared to the 
other efficient methods like high-order AR model without 
any substantial degradation in perceived voice quality. 
 

Index Terms— Linear Prediction, Packet Loss, Mean 
Square Error, Low order Autoregressive, VoIP. 

 

1. INTRODUCTION 
 

One of the most important problems which may occurs 
during voice communications based on internet protocol is 
degraded voice quality caused by packet loss. In a voice 
over internet protocol (VoIP) based network, speech 
waveform will be divided into segments (known as packets)  
with the same length, then these segments will be sent to the 
receiver via network lines and will be decoded in ascending 
order. During the decomposition if a number of packets are 
not available on time, the simplest response of a receiver is 
to substitute silence for missing packets of speech 
waveform. The effect of delayed or misrouted packet is 
known as packet loss in telecommunication networks. There 
are several methods which have been proposed to reduce the 
effect of packet loss such as waveform substitution, pitch 
detection, linear prediction and etc. A large number of 

effective segment interpolation methods use a model to 
generate a speech waveform to have maximum likelihood 
with the previous and following packets of lost packet. It 
has been observed that the best speech production model 
which is commonly used for this purpose is Autoregressive 
model which its coefficients are obtained using the Yule-
Walker equation [1]. 

The resource of using a high order forward and 
backward AR models for interpolation of long gaps is found 
in [2]. The reason of using a high order instead of low order 
AR model is null modeling of the error of such 
approximation. In [3] a time reversed excitation of the 
previous packet used as the excitation of the lost packet that 
is considered as input to the AR model. This particular 
method has been specifically used in order to reduce the 
order of AR filter and therefore the complexity of algorithm.  
Another effective method which proposed by Gunduzhan et. 
al [4] is to use a repetition of the last P samples of previous 
excitation with a period equal to pitch period, this excitation 
signal is input to the AR model. 

In this paper, we propose a new approach based on a 
recursive low order AR model to satisfy both low 
complexity and high quality speech production which needs 
to be more compatible with VoIP networks limitations. 
When the length of the gap becomes too long, the 
characteristics of the signal before and after the gap may 
differ substantially. Therefore, in this case our proposed 
method can be employed as two separate AR models, one 
for modeling the signal that precedes the gap and another for 
the signal that succeeds the gap which is called as two sided 
approach. At the comparison stage the proposed method 
may be much familiar with method introduced in [4], but the 
most difference between them is the speed of convergence 
in the favor of recursive low order AR method. 

The remainder of this paper is organized as follows. 
Section 2 describes LP model of speech signal. Section 3 
presents the proposed method. In section 4 the evaluation 
results will be compared with other methods. Section 5 
concludes the paper with future works. 
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2. SPEECH MODELING 
 

The most commonly speech production model used in 
speech coding is Autoregressive model. Therefore a 
recursive lower order AR model has been used in this paper 
to address Packet Loss Concealment. 
 
2.1. AR Model 
 
In AR Model a speech signal is generated by filtering a zero 
mean White Gaussian noise with variance  through an all 

poles filter with transfer function of  , Where 

 models the vocal tract of a human body. The optimal 
coefficients of denominator are equal to Linear Prediction 
Coefficients (LPCs) of speech signal. As the excitation 
signal is unpredictable part of speech signal that its 
autocorrelation is defined as: 

1 ,   0
0,                    

      1  

The aim of using LPCs is to reduce variance of 
excitation . In order to satisfy the minimum variance of 
excitation model, Yule-Walker equation (2) is used to obtain 
LPCs based on minimum mean square error (MMSE). 

                                                                         (2) 

where 

 
 

,    ,    
 

 

R and r are covariance matrix and correlation vector of 
speech signal  respectively, the elements of vector  are 
known as predictor coefficients. LPCs are obtained by 
concatenating 1 to minus value of predictor coefficients a 
as  1, , … , . The most familiar linear prediction 
equation is used to predict a sample  from  past 
samples, 1  as below: 

                3  

Where  is filter order and  denotes error of estimation 
and the excitation value at sample . 
During reconstruction we may be encountered with 
criterions of suitable order selection and the best 
approximation of excitation of lost segment. In order to be 
able to consider all formants of speech signal the optimal 
model order selection need to be used as  

 

Figure 1.  Block diagram of proposed method. Generated 
excitation signal is used to reduce the effect of null modeling of 
excitation of lost frame. 
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where  is sampling frequency and  is an arbitrary value 
of 1, 2 or 3. 
 

3. EXCITATION ESTIMATION 
 

To estimate the approximation of the pitch period of 
preceding frame right before the lost frame Dyadic Wavelet 
Transform is used [5]. The Dyadic Wavelet Transform 
algorithm is fast, accurate and has low complexity. To 
generate the excitation of the lost frame of speech, 
concatenate the last  samples of previous excitation signal. 
The concatenated k samples need to be the same length of 
lost samples. Where  is equal to pitch period of previous 
excitation signal. Then the recursive lower order AR model 
uses the generated excitation signal to reconstruct the lost 
speech frame. Figure 1 and 2 show block diagram of 
proposed method and the flowchart of recursive low order 
filter respectively.  It can be seen from Figure 2 that the 
reconstructed signal is  , 1 …   , which is used to 
fill the gap where N is the length of packet. 
 
 
 
   

 

 

 

 

 

 

 

Figure 2.  Flowchart of recursive low order AR filter block. 

Previous 
frame 

LPCs

Predictor coefficients 

̂(n) 

Reconstructed 
signal 

Pitch 
period 

(n) 

 

Excitation 
generation 

Recursive 
low order 
AR filter 

Pitch 
detection 

Inverse 
AR filter 

LP-
Analysis 

 

0

̂

Calculate  using 
predictor coefficients 1 

  
No 

Yes 

Get previous 
frame as 

input 

Output as 
reconstructed 

signal 



 
 

 

 

 

 

 
Figure 3.  Evaluation results of Packet Loss Concealment using 
our proposed method the recursive low order AR method with 
LP order of 18, ITU-g.711, an efficient model-based multi-rate 
with LP order of 18 and LSAR with LP order of 220. The signal 
between two dotted lines is lost. 
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3.1. MSE of model 
 
As it is mentioned earlier a pitch detection method is used to 
reconstruct the excitation signal of lost frame. Sometimes 
the pitch detection technique does not detect the pitch of 
previous excitation signal accurately. Therefore this 
problem causes the errors between the original and 
reconstructed signals increase. On the other hand there are 
some errors between the original and reconstructed signal 
without considering the consequence of accurate or 
inaccurate pitch detection. Thus to calculate these errors 
mean square error (MSE) is used between the original and 
reconstructed signals which is defined as 

| ̃ | ̃ . ̃

| | . ̃ ̃ .

̃ . ̃                         (5) 

where 

̃ ̃  ̃           6  

where ̃  is the difference between reconstructed signal 
and original signal at sample ,  is the difference 
between estimated excitation and original excitation at 
sample  and ̃ is a column vector defined as below: 

̃ ̃ 1 ̃               7  

whereas  is cross-correlation vector and is defined as  

  ,   ̃ . , 1     8  

 is covariance matrix of model error as below: 

               9  

where 

̃ ̃ , 0 1                   10  

As  which is the difference between estimated 
excitation and original excitation at sample  does not affect 
on estimation of speech signal at sample 1 and ̃
1  therefore it is assumed that the cross-correlation 
vector  is hoped to be zero. The maximum and minimum 
value of  in Equation (5) is equal to | | .  and 
| | .  where  and  are the maximum and 
minimum Eigen values of matrix  respectively. Therefore 
the MSE of proposed method will be bounded by the 
following equation  

| | . ̃ | | .             11  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

4. EXPERIMENTAL RESULTS 
 

As the MSE of proposed algorithm is evaluated at the 
theoretical form, an example of reconstruction signal using a 



 
 

Table 1. Comparison of MSE between the recursive low 
order AR with other methods. 

Method Energy of error Mean square error 
(MSE) 

Model-based 
Multi-Rate 

0.06450 1.3446  10

LSAR 0.02380 4.9653  10  

ITU-g.711 0.01120 2.3293  10  
Recursive low 
order AR 

0.00096 2.0190  10  

combination of forward and backward prediction is 
performed to evaluate the result for a voiced speech with 
sampling frequency 16 kHz of a Female speaker. The filter 
order 18 for LP analysis and recursive filter is used in this 
process. 

The speech signal is selected from TIMIT (American 
English) database. The artificially lost segment is made 
during 30 ms portion of phoneme (ux) extracted from suit 
word at 16 KHz sampling frequency with 480 samples per 
packet. Figure 3 shows the comparison of reconstructed 
signals using the recursive low order AR model with ITU-
g.711 [6], an efficient model-based multi-rate [3] and high 
order least square AR model (LSAR) methods respectively.  
The ITU-g.711 method is used as the reference whereas the 
resource of a significant performance improvement over 
G.711 Appendix I can be found in [7]. 

Table 1 shows the comparison of mean square error 
(MSE) between the recursive low order AR model with 
other methods. The mean square error and the energy of 
error of recursive low order AR model are substantially low 
compared with other methods. The mean square error and 
the energy of error are measured during the 30 ms of speech 
signal. The energy of original signal during lost segment is 
also equal to 0.0634. 

 
5. CONCLUSION 

 
In this paper, we introduced a recursive low order 
autoregressive model for replacement of lost speech 
segment. The evaluation results showed that this method has 
a lower mean square error (MSE) compared to ITU-g.711, 
model based multi-rate method, and high order 
autoregressive method. Therefore it can be used as an 
alternative to Packet Loss Concealment that can be set to 
use in real time packet communication networks or VoIP. In 
order to accurately calculate LPCs, the length of packets 
should be sufficiently long. As the proposed method is 
sensitive at the sense of LPCs, it is not effective at low 
packet lengths. It is also observed that despite of using a low 
order AR model for speech coding (which is assigned to be 
use for modeling short-term correlation), proposed 
algorithm can also be effective for long-term correlation 
estimation. Furthermore with an accurate excitation 

approximation of loss segment the result of reconstruction 
of using proposed method would exactly match with the 
original lost segment. Future work may be focused on 
minimization of such approximation.  
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