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Abstract 

Packet loss affects the received speech quality greatly in VoIP 

(Voice over Internet Protocol) applications. PCM (Pulse Code 

Modulation) coders are often used for VoIP and also face such 

problems. In this paper, a packet loss recovery algorithm is 

proposed based on CSI (Coding with Side Information) and 

Rate-Distortion optimization. Two virtual reconstruction 

methods are implemented for every voiced packet with side 

information at the sender endpoint. Rate-Distortion 

optimization is used to select the proper recovery method 

which has the lowest cost considering both the distortion and 

rate. At the receiver endpoint, the lost packets will be 

recovered with the selected recovery method. Simulation 

results show that the speech quality over IP network is 

improved dramatically at the price of only a low bandwidth 

consumption with the proposed method. 

Index Terms: VoIP, packet loss, CSI, Rate-Distortion 

1. Introduction 

In VoIP, there are many techniques for improving the speech 

quality in the case of packet loss. Some of them use receiver-

based packet loss concealment (PLC) approaches to estimate 

the lost packet from the previous ones [1]. However, these 

methods usually provide reconstructed packets with too high 

distortion. On the other hand, the sender-based packet loss 

recovery mechanism adopts redundancy transmission [1][2], 

e.g., the information of the current packet is repeated in the 

next one. Thus this approach needs additional network 

bandwidth, especially for PCM coders whose coding rates are 

relatively high. In other words, the sender-based loss recovery 

mechanism does not benefit from the existence of the jitter 

buffer, i.e., if the n-th packet is lost and its neighboring 

packets are received, the bit rate of the redundancy will be 

unnecessary high since the recovery of the n-th packet does 

not make use of the highly correlated information carried by 

neighboring packets.  

Coding with Side Information (CSI) can be used to 

introduce a small size of corrective bit-stream that provides an 

enhanced reconstruction of the lost packets. In other words, it 

can provide better recovery quality at the price of a much 

smaller redundancy. In [3], the principle of CSI is used to 

recover the lost LSFs in a prediction-based coder. However, 

the use of it in PCM coders has remained as an unexplored 

option. 

The principle of CSI [4] is schematically shown in Figure 1 

[5], where Y is the information that will be coded, and X̂  is 

the side information available at both the encoder and the 

decoder. The sender-based loss recovery mechanisms can be 

regarded as a particular case of CSI, where X̂ is not used. The 

receiver-based mechanisms can be regarded as another 

particular case of CSI where the transmitted bit stream is 

empty. 

Figure 1: Coding with side information. 

For some stable voice packets, the receiver-based 
concealment methods sometimes provide good reconstructed 
quality which is close to the sender-based methods. In this 
condition, there is no need to transmit any redundancy. This is 
because the cost of the redundancy bitrates is larger than the 

cost of the reconstruction distortion. The Rate-Distortion 
optimization [6] is commonly used to achieve a trade-off 
between rate and distortion. It is also used in this paper to 
select an optimal recovery method. 

The remainder of this paper is organized as follows. In 
Section 2, the proposed packet loss recovery algorithm is 

described. The evaluation results are presented in Section 3. 
Section 4 concludes the paper.

2. The proposed packet loss recovery 

algorithm

The proposed algorithm is shown in Figure 2. It consists of the 
following operations: (1) At the sender endpoint, the 
neighboring packets of every voice packet act as the side 
information and both MMSE (Minimum Mean-Square Error)-

based virtual reconstruction and LI (Linear Interpolation) -
based virtual reconstruction are implemented based on the side 
information. (2) Rate-Distortion optimization module is used 
to select the recovery method which has the lowest cost; 
redundancy is transmitted if MMSE-based method is selected. 
(3) At the receiver endpoint, MMSE-based real reconstruction 

or LI-based real reconstruction is used to recover the lost 
packet. Note that the MMSE-based real reconstruction needs 
both redundancy and side information, whereas the LI-based 
real reconstruction needs only side information. 
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Figure 2: Packet loss recovery with CSI and Rate-Distortion 
optimization.
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2.1. MMSE-based virtual reconstruction 

At the sender endpoint, we first implement a virtual 
reconstruction process to get the virtual reconstructed packet 
for the current one by using its neighboring packets. The aim 

of the MMSE-based virtual reconstruction process is to 
provide an alternative recovery method for the Rate-Distortion 
module and to obtain the redundancy at the same time. Here 
we only consider one condition: both the preceding packet and 
following packet are voiced speech (which is called BV 

condition). Suppose Xp (n) is the last pitch waveform of the 
preceding packet, Xf (n) is the first pitch waveform of the 
following packet, Xv_rec(n) is one of the pitch waveform of the 
virtual reconstructed waveform. Then we want to denote 

Xv_rec(n) as the weighted sum of Xp (n) and Xf (n). 

_
( ) ( ) (1 ) ( )

v rec p f
X n X n X nα α= ⋅ + − ⋅ ,      0<α <1          (1) 

where α  is the weighting factor. From (1), we can see two 

problems. Firstly, there will be phase desynchronization 

between the three waveforms. Secondly, the length of the three 
waveforms are likely to be different. Therefore, we must do 
some pre-processing before the virtual reconstruction process. 

2.1.1. Phase synchronization 

(1) Find the waveform crest of Xp (n) and denote its position as 

kp.
(2) Shift the first kp-1 samples of Xp (n) to the tail of it and 

denote the new waveform as Xp_ps(n).  
(3) Xf_ps(n) is obtained with the same way.  

After the above processing, the phase of Xp_ps(n) and Xf_ps(n)
are synchronized (from crest to crest). Figure 3 shows the 
phase synchronization process. 
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 Figure 3: Phase synchronization processing. 

   (a).Waveform before phase synchronization.  
(b).Waveform after phase synchronization. 

2.1.2. Pitch adjustment 

Suppose Tpp is the length of Xp_ps(n), Tpf is the length of 
Xf_ps(n) and Tpr is the length of Xv_rec(n). We use the pitch 

adjustment method in [7] to stretch or compress Xp_ps(n) and 
Xf_ps(n) in order to make both Tpp and Tpf equal to Tpr. After 
pitch adjustment, X'p (n) replaces Xp_ps(n) and X'f (n) replaces 
Xf_ps(n).  

2.1.3. MMSE-based virtual reconstruction with 

redundancy extraction  

Firstly, we determine the region in the current packet for 

virtual reconstruction. The first and last waveform crests of the 

current (original) packet are found. The waveform between 
them is the integral pitch part. Usually, the integral pitch part 
(also called the middle part) of the original waveform contains 

several pitch units. We denote the i-th pitch unit of them as 
X'org(i, n). Suppose X'v_rec(i, n) is the i-th pitch unit of the 
integral pitch part of the virtual reconstructed waveform; X'p (i,
n) and X'f (i, n) are the pitch units after phase synchronization 

and pitch adjustment as in section 2.1.1 and 2.1.2 (because 
different X'v_rec(i, n) has different length every X'v_rec(i, n) has 
its corresponding X'p (i, n) and X'f (i, n)). Ti

pr is the length of 

X'v_rec(i, n); Ni is the number of pitch unit; 
iα  is the weighting 

factor. Then X'v_rec(i, n) can be expressed as:  

_
( , ) ( , ) (1 ) ( , )

v rec i p i f
X i n X i n X i nα α′ ′ ′= ⋅ + − ⋅

i=1,2,…Ni; n=1,2…Ti
pr;  0< iα  <1                             (2) 

We can obtain different X'v_rec(i, n) by selecting different 

value of 
iα . In order to get the optimal X'v_rec(i, n) which has 

the minimum error to its original waveform counterpart X'org(i,

n), we use the criterion of MMSE to find the optimal 
iα . In 

other words, 
iα  is chosen as  

2

1

2

1

( , ) ( , )_

( , ) ( , ) (1 ) ( , )

( )min

( )min

i
pr
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i
pr

i
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T

n

i n i nX Xorg v rec

i n i n i nX X Xorg p fi i

α

α
α α

=

=

′ ′−

= ′ ′ ′− − −⋅ ⋅

    (3) 

By setting the derivatives of (3) with respect to 
iα  to zero, 

the optimal value of 
iα  is obtained. After a quantization 

process, the quantized 
iα  can be regarded as part of the 

redundancy of the original packet that will be transmitted to 
the receiver endpoint. Moreover, we should also encode all the 
pitch information of the original packet so as to achieve a 

more accurate reconstruction at the receiver endpoint. In order 
to save the bandwidth, we only encode the differences 
between two consecutive pitch values. Thus, the real pitch 
value of the lost packet can be derived from the pitch value of 

the preceding received packet and the differences between 
them. The total redundancy of a packet is about 45 bits 
(section 3.3).  

2.2. LI-based virtual reconstruction 

The process of LI-based virtual reconstruction is very similar 

to the MMSE-based virtual reconstruction except that 
iα  and 

Ti
pr are obtained by linear interpolation as equation (4) and (5). 

                          
1i

i

i

N i

N
α − +=  ,                   i=1,2,…Ni  (4) 

                ( )i

pr pp pf pp

i

i
T T T T

N
= + − ⋅ ,           i=1,2,…Ni   (5) 

Obviously, the LI-based virtual reconstruction does not need 

to extract redundancy. It can be seen as another alternative 
method for the Rate-Distortion optimization module to choose. 

2.3. Rate-Distortion optimization 

MMSE-based virtual reconstruction provides high 
reconstruction quality but its redundancy consumes the 
bandwidth. LI-based virtual reconstruction does not need 
redundancy but its reconstruction quality is lower than 
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MMSE-based method. The function of the Rate-Distortion 
optimization module is to determine a better choice between 
MMSE-based virtual reconstruction and LI-based virtual 

reconstruction. The Lagrangian cost is introduced to get a 
good trade-off between distortion and rate. 

i i iJ D Rλ= + ,                           i=1,2 (6) 

21
log ( ) ( )

2

j j

i i orgD S e S e d
π ω ω

π
ω

π −
= − , i=1,2 (7) 

where i is the candidate recovery method, i=1 represents 

MMSE-based virtual reconstruction and i=2 represents LI-
based virtual reconstruction; Ji is the Lagrangian cost; Di is the 
log spectral distortion between the virtual reconstructed packet 
and the original one; Ri is the bitrates consumed by the 

redundancy(note that R2=0); λ is the Lagrangian multiplier 

which allows us to make a trade-off between rate and 
distortion; Si(e

jw) and Sorg(e
jw) are the two all-pole spectral 

envelopes of the virtual reconstructed packet and original 
packet respectively. 

2.4. Real reconstruction 

At the receiver endpoint, when the current packet is lost and 

its neighboring packets are received in the jitter buffer, we can 
use the side information with or without the redundancy to get 
a real reconstructed waveform to substitute the lost one. Recall 
that we implement the virtual reconstruction only in BV 
condition at the sender endpoint. But at the receiver endpoint, 

we must also consider other 3 conditions: only the preceding 
packet is voiced (PV), only the following one is voiced (FV), 
and both are unvoiced (BU). We describe the real 
reconstruction method of the 4 conditions as follows. 

2.4.1. BV condition 

The MMSE-based real reconstruction is as follows.

(1) With the pitch information of the redundancy, we can get 
the first fractional pitch part (head part) of the 
reconstructed packet Xrec_h(n), and the last fractional pitch 

part (tail part) of the reconstructed packet Xrec_t(n). This 
process is very similar to the phase synchronization 
process in section 2.1.1.

(2) Recover each pitch unit of the real reconstructed 

waveform Xrec_m(i, n) with equation (8), in which iα  is 

the received redundancy, X″p (i, n) and X″f (i, n) are the 

side information in the receiver endpoint which are the 
same with X'p (i, n) and X'f (i, n) in equation (2).  

_ ( , ) ( , ) (1 ) ( , )rec m p fi i
X X Xi n i n i nα α′′ ′′= + − 8

(3) Conjoin all the pitch units obtained from step (2) orderly 
to obtain the whole integral pitch part (middle part) of the 

reconstructed waveform Xrec_m(n). 
(4) Join Xrec_h(n), Xrec_m(n) and Xrec_t(n) together and get the 

final reconstructed waveform Xrec(n).  
Figure 4 shows all the components of the MMSE-based real 

reconstructed waveform. 
The LI-based real reconstruction is exactly the same as the 

LI-based virtual reconstruction (section 2.2).  
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Figure  4: Components of the real reconstructed waveform

2.4.2. Other 3 conditions 

For the PV, FV and BU conditions, we do not need the 
redundancy from the sender endpoint, but only use the blind 
recovery method [8] to reconstruct the lost packet. For the case 
of PV, the last pitch segment of the preceding packet is 

repeated throughout the region of the lost packet and an 
amplitude adjustment process is used to guarantee the 
amplitude continuity. We use a similar way to deal with the 
FV condition. As to the BU condition, we simply combine the 

rear half of the preceding packet and the first half of the 
following packet. 

3. Performance evaluation 

To demonstrate the performance of the proposed method, 
waveform and objective have been performed. The proposed 
algorithm is compared with two classic packet loss recovery 
algorithms: Two-Side Pitch Waveform Replication (TSPWR) 

algorithm [9] and Two-Side Pattern Matching (TSPM) 
algorithm [10]. The test material consisted of 20 Chinese 
sentences (one male and one female speaker, with 10 
sentences each) from the NTT-AT speech database. The time 

duration of each sentence is 8 seconds. The speech sampling 
rate is 8kHz with 16bit PCM, and the packet size is 20ms. The 
packet loss is randomly introduced at the rate between 1% and 
10%. For each loss rate we generate 10 different loss 

distributions to alleviate the impact of packet loss location on 
the perceived speech quality.  

3.1. Waveform evaluation 

Figure 5 shows some signal examples extracted from our 
simulation results. Line (a) shows the original signal without 
any packet loss. Line (b) shows the output signal when the 

second packet is lost and substituted by silence. Line (c) 
shows the output signal using the TSPWR method to recover 
the second packet. Line (d) shows the output signal using the 
MMSE-based real reconstruction to recover the second packet. 

Line (e) and Line (f) show the error signals for the TSPWR 
method and the MMSE-based method respectively. All signals 
are represented at the same amplitude scale. It indicates that 
the proposed method can reduce the errors dramatically. It is 

an expected result since the proposed method takes into 
account the relationship between the original signal and the 
virtual reconstructed signal, and uses the criterion of MMSE to 
minimize the errors. 
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Figure 5: Waveform comparison between the TSPWR and 
proposed methods.  (a).No packet loss.  (b).The second packet 

was lost.  (c).The second packet was recovered with the 

TSPWR algorithm. (d).The second packet was recovered with 
the MMSE-based real reconstruction. (e).Error signals for the 
TSPWR algorithm. (f).Error signals for the MMSE-based real 

reconstruction. 
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Figure 6: PESQ performance comparison between different 
loss recovery algorithms. 

3.2. Objective evaluation 

The objective evaluation is carried out with PESQ. The PESQ 

score for each packet loss in obtained by averaging over all 
200 speech sentences (20 sentences with 10 different loss 
distributions for each sentence). Figure 6 shows the PESQ 
results. The proposed algorithm improves the PESQ by 

0.1~0.4 compared with TSPWR, and by 0.2~0.7 compared 
with TSPM. 

3.3. Bandwidth consumption and added delay 

The redundancy used in the proposed method includes the 

quantized 
iα  and pitch differences. Simulation results show 

that setting the quantizing precision of 
iα  to 0.02 is enough. 

Thus, we need at most 6 bits per pitch unit to quantize 
iα .

Because of the high correlation of the consecutive pitch value, 

2 bits per pitch unit for quantizing pitch difference is enough.  

Therefore, we need at most 8 bits per pitch unit in total. Since 
one voiced packet contains 5 pitch units in average, the total 
redundancy of a packet is about 40 bits. Recall that we 

transmit the redundancy only when the MMSE-based virtual 
reconstruction is selected in BV condition, so the average 
redundancy of a packet is no more than 20bits. This will 
increases the bit rate by at most 1 kbit/s if we set the packet 

size to 20ms. This bandwidth consumption is very low 
compared with other FEC methods for PCM coders (at least 8 
kbit/s [2]). As to the added delay, the proposed method 
introduces only a single-packet delay. 

4. Conclusions 

PCM coders, although having a higher score than CELP 
coders, do not have the ability to recover packet loss. This 

paper proposes a packet loss recovery algorithm based on CSI 
and Rate-Distortion optimization for PCM coders. According 
to the waveform evaluation, the proposed method provides a 
significant error reduction. Objective evaluation results show 

that the speech quality over the IP network is improved 
dramatically. 
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