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Abstract
In this paper, we propose an improved adaptive muting method
using a sigmoid function for the packet loss concealment al-
gorithm of ITU-T G.722 Recommendation. The packet loss
concealment algorithm performs an adaptive muting to prevent
the generation of unnecessary noise during packet loss recovery.
While muting is linearly and discontinuously performed accord-
ing to packet errors, our muting approach is performed by the
non-linear and continuous sigmoid function. The principal pa-
rameters of the sigmoid function are obtained based on training
at which minimization between the desired signal and the re-
constructed signal is performed. Experimental results show that
this proposed muting technique can enhance the performance of
the packet loss concealment algorithm of G.722 under various
packet loss environments.
Index Terms: VoIP, ITU-T G.722, adaptive muting, sigmoid
function, packet loss concealment

1. Introduction
In recent years, there has been a growing interest in voice over
internet protocol (VoIP) services with increased demand for
voice communication through the internet network [1]. VoIP
applications perform a packet-based voice communication over
IP network, operating with standard codecs such as ITU-T
G.722, G.729, and G.723.1. Among them, we focus on the ITU-
T G.722 coder, which is known to be high quality, low delay,
and low complexity speech data encoding scheme [2]. Specifi-
cally, the ITU-T G.722 speech codec, which is a technique for
compressing speech data below 64 kbps and high quality au-
dio signals with 50-7000 Hz wideband, has been adopted as a
standard by ITU-T.

However, VoIP applications still have some limitations re-
garding voice quality compared to some traditional technolo-
gies such as public switched telephone networks (PSTN). One
of the major problems can be packet loss due to the delay
and jitter in the process of transmitting speech data, whereby
the quality of service (QoS) cannot be guaranteed [3]. There-
fore, a packet loss concealment (PLC) algorithm, also known as
frame erasure concealment algorithm, which extrapolates miss-
ing frames, is needed for VoIP applications in a packet loss
environment [4]. Most of the standard speech codecs used in
VoIP applications employ their own PLC algorithms to solve
the problem of degraded speech quality due to the packet loss
[5]. PLC algorithms are classified into sender-receiver based
schemes and receiver based schemes. Sender-receiver based
schemes include sending duplicate packets, or sending error
correction bits in voice packets using forward error correction
(FEC). In receiver-based schemes, lost packets are recreated by

padding silence, by repeating the last received packet, or by
performing waveform substitution based on previously received
packets on each sub-band of linear-prediction (LP) residues.

PLC algorithms of ITU-T G.722 were standardized in 2006
as Appendix III and IV of ITU-T G.722 [6], [7]. The PLC al-
gorithm described in Appendix IV is a receiver based scheme
and meets the same quality requirements as the PLC algorithm
in Appendix III, but with a lower complexity. In Appendix IV,
the lost packets are extrapolated by using an information of pre-
viously received packets such as the LP coefficient (LPC), sig-
nal classification, and pitch period. Since the reconstruction of
the missing frames causes an unnecessary noise or click sound
especially in the case of consecutive packet losses (i.e., burst er-
ror), an adaptive muting method is used at the end of packet loss
concealment. An adaptive muting factor with a value between
1 and 0 is multiplied by a pre-reconstructed speech signal, and
as more consecutive packet losses occur, the muting factor is
adaptively adjusted to a smaller value. This is applied differ-
ently depending on the class of the signal and applied linearly
by using a pre-determined fixed curve.

In this paper, we present an improved adaptive muting
method using a sigmoid function [8] to determine the adap-
tive muting curve. Two major parameters, which determine the
shape of the sigmoid function, are chosen to be optimized val-
ues based on the error minimization between the desired sig-
nal and the reconstructed signal by using the sigmoid function.
For training, the grid search technique [9] is used to find opti-
mal values of the parameters within the search space especially
for voiced, weakly voiced and unvoiced sound regions. The
sigmoid function is then applied in the muting algorithm on
missing frames for quality enhancement. Experimental results
show that the proposed method outperforms the original adap-
tive muting method in terms of various speech quality measures.
The rest of the paper is organized as follows. Section 2 briefly
reviews the adaptive muting method, and Section 3 describes
the proposed adaptive muting method. After simulation results
are presented in Section 4, the paper is concluded in Section 5.

2. Review of G.722 Appendix IV
The PLC algorithm described in Appendix IV of ITU-T G.722
is a receiver based scheme, which uses an information of pre-
viously received packet in the receiver. Therefore, there is no
change to the encoder, but the packet loss concealment mecha-
nism is added to the decoder. Note that the terms “frame” and
“packet” are considered to be equivalent in this paper. As the
block diagram of the G.722 decoder with the PLC algorithm
is shown in Fig. 1, the decoder includes additional blocks for
the packet loss concealment, shown as the grey-shaded blocks
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Figure 1: Block diagram of G.722 decoder with the PLC algo-
rithm
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Figure 2: Lower-band LPC-based pitch repetition of G.722 de-
coder with the PLC algorithm

[7]. ITU-T G.722 codec uses the sub-band adaptive differen-
tial pulse code modulation (SB-ADPCM). In the SB-ADPCM,
the frequency band is split into two sub-bands which are lower-
band and higher-band. In the PLC algorithm, the operation of
the higher-band is included in that of the lower-band. Therefore,
we only describe the operation of the PLC algorithm based on
the lower-band in this paper. First, reconstructed lower-band
signal yl(n) is extrapolated when packet loss occurs through
the LPC-based pitch repetition block using the past valid lower-
band signal zl(n). After extrapolating the yl(n), xl(n) and
yl(n) are cross-faded.

Actually, Fig. 2 shows the lower-band LPC-based pitch
repetition block diagram of G.722 decoder with the PLC al-
gorithm [7]. In this figure, pre-reconstructed lower-band sig-
nal ylpre(n), which is prior to the adaptive muting, is synthe-
sized by using zl(n). However, an uncomfortable noise or click
sound is generated especially for consecutive packet losses if
the ylpre(n) is used directly. Therefore, the adaptive muting
method is employed at the end of the PLC algorithm to reduce
the effect of the uncomfortable noise or click sound. If we con-
sider the adaptive muting mechanism, the reconstructed lower-
band signal yl(n) is represented as

yl(n) = G(n) · ylpre(n) (1)

where G(n) denotes the adaptive muting factor, which has
value between 1 and 0. In (1), the pre-reconstructed lower-band
signal, ylpre(n) is multiplied by the adaptive muting factor on
a sample-by-sample basis.
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Figure 3: Muting factor according to three classes of the signal

Table 1: Adaptive muting parameters

Parameter Speech class type
Transient VUV Transition Other cases

fac1 409 10 10
fac2p 409 10 20
fac3p 409 399 190

Lastly, the adaptive muting factor is applied differently de-
pending on the class of the signal offered by G.722 decoder as
shown in Fig. 3. While transient and VUV transition classes
correspond to a transient period with large energy variation and
a transition between voiced and unvoiced signals, respectively,
other cases class includes unvoiced, weakly voiced, and voiced
signal, which are the best candidates for extrapolation because
the quality of reconstructed speech is dominantly affected by
this type of signal [7]. Furthermore, the adaptive muting factor
becomes zero after 320 samples (four packets in lower-band),
which means silence, so that it prevents the generation of an
uncomfortable noise or click sound when more than four pack-
ets are lost. As the parameters of the original adaptive muting
method are shown in Table 1, those parameters depend on the
class of signal. The adaptive muting factor is derived such that

G(n+ 1) =

⎧
⎪⎨
⎪⎩

G(n)− fac1 , 0 ≤ n < 80
G(n)− fac2p , 80 ≤ n < 160
G(n)− fac3p , 160 ≤ n < 320
0 , n ≥ 320

(2)

where G(0) = 32768. It is noted that since real systems
use 16-bit signed integers, the value of one is represented as
215 = 32768 [7]. In (2), the adaptive muting factor is adapted
sample-by-sample with fac1 for the first lost packet, fac2p for
the second lost packet, and fac3p for third and fourth lost pack-
ets. Moreover, the adaptive muting factor becomes zero af-
ter fourth lost packet. The original adaptive muting is applied
linearly to each packet as stated above. This adaptive muting
method is applied to the higher-band in the same way as to the
lower-band. Finally, the reconstructed signals of the lower-band
and higher-band are combined into wideband decoded signal
y(n) through the quadrature mirror filter (QMF) synthesis fil-
terbank as shown in Fig. 1.
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Figure 4: Three examples of the sigmoid function

3. Proposed Adaptive Muting Method
As explained in Sec. 2, the original adaptive muting method in
Appendix IV of ITU-T G.722 is applied linearly and discontin-
uously between frames using the pre-determined curve to each
packet. In this paper, we present an improved adaptive muting
method which is applied non-linearly and continuously using
sigmoid function. Indeed, optimal values of the parameters of
the sigmoid function are selected according to the grid search
[9], which is a simple exhaustive search method through a man-
ually specified subset of the parameter space of a learning algo-
rithm, guided by an error criterion. Specifically, we adopt the
following two-parameter sigmoid function [8] such that

G(n) =
1 + αe−n0β

1 + αeβ(n−n0)
, 0 ≤ n < 320 (3)

where α and β denote sloping parameters of the sigmoid func-
tion, and n0 means an offset. Also, G(n) becomes zero after
320 samples in common with the original method. This func-
tion, which has non-linear and continuous characteristics, can
give more flexibility to the muting curve. Actually, n0 is set
to be 150, and the values of α and β are reasonably limited to
be 0.1 ≤ α ≤ 1.0 and 0.01 ≤ β ≤ 0.20, considering the
reasonable shape of the sigmoid function, the slope of which is
not rapidly decreasing or not zero. These search space makes
it possible to prevent to the computation overflow when finding
the optimal values of parameters of the sigmoid function. It is
seen that the shape of the sigmoid function depends on α and β,
as illustrated in Fig. 4 showing three example functions charac-
terized by (3). The outputs of the three examples sigmoid func-
tions presented in Fig. 4 are decreased with different speeds,
which can be controlled by α and β. Since the other cases class
has the greatest impact on the quality of reconstructed speech
among the classes of the signal, we control the adaptive mut-
ing factor in other cases class only. Therefore, (3) is applied to
the other cases class, while (2) is applied to the Transient and
VUV transition classes. Using (1) and (3), the error between the
desired signal and the reconstructed signal can be expressed as

ε(n) = dl(n)− yl(n)

= dl(n)−G(n) · ylpre(n)

= dl(n)− 1 + αe−n0β

1 + αeβ(n−n0)
· ylpre(n) (4)
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Figure 5: Waveform comparison between the without muting
method, original method, and proposed method in terms of the
desired speech signal and decoded speech signal during the
packet loss period (from 0.01 sec to 0.04 sec)

Table 2: Optimal Points for Various Packet Loss Rates

Packet Loss Rate Optimal Points
α β

1% 0.90 0.02
5% 0.90 0.02
10% 0.90 0.02

where dl(n) denotes the lower-band desired signal, which is
decoded without any packet losses. Note that the cost function
in (4) contains two unknowns, i.e., α and β, and then can be
expressed as a function of α and β. From (4), the average of the
mean square errors (MSEs) of all training files is expressed as a
function of α and β.

ξ(α, β) =
1

m

m∑

k=1

E[ε2k(n)] (5)

where k and m denote training file and the total number of
the training files for the grid search according to the processed
speech by the proposed PLC algorithm, respectively.

(α̂, β̂) = arg min
0.1≤α≤1.0,0.01≤β≤0.20

ξ(α, β) (6)

Based on (6), the optimal parameters, α̂ and β̂, are obtained
which minimize ξ(α, β). In a training step, to find the optimal
parameters, we compute the average of MSEs over all training
data in the speech materials with varying α and β. For this sig-
moid parameter training, we used a number of the speech mate-
rials from the NTT database will be described in Sec. 4. Finally,
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Table 3: Comparison of experimental results

Packet Loss Rate Without Muting G.722 App. IV Proposed
SNR Seg. SNR PESQ MOS SNR Seg. SNR PESQ MOS SNR Seg. SNR PESQ MOS

1% 21.147 29.654 3.968 3.731 21.173 29.896 3.974 3.853 21.529 29.999 3.986 3.876
5% 9.241 17.478 3.009 2.877 9.483 17.697 3.106 3.184 9.858 17.926 3.126 3.241
10% 5.656 10.788 2.313 2.273 6.132 11.354 2.639 2.651 6.665 11.808 2.677 2.774

we obtained the optimal points (α̂, β̂) for various packet loss
rates as shown in Table 2, and these are adopted into (3). It is
noted that the same optimal points are obtained for three packet
loss rates, meaning the optimal points are not sensitive to the
packet loss rate. Also, this proposed adaptive muting method is
applied to the higher-band in the same way as to the lower-band.
As an example, Fig. 5 shows that the decoded speech signal us-
ing the proposed adaptive muting method is the most similar to
the desired speech signal in comparison to the original adaptive
muting method and without muting method.

4. Experiments and Results

To demonstrate the effectiveness of our proposed method, we
compared the proposed method with original adaptive muting
method in G.722 Appendix IV. In addition, we checked the re-
sults obtained without any muting mechanism in order to il-
lustrate the importance of muting mechanisms in VoIP applica-
tions. For the experiments, we selected one hundred speech files
spoken by four male and four female speakers from the NTT
Korean speech database [10], and these data files were then par-
titioned into 30 percent test data files and 70 percent training
data files without any overlap. Each file included two differ-
ent meaningful sentences and the whole length of each file was
8 sec. In the algorithm we implemented, the speech data was
sampled at 16 kHz and random packet losses were inserted at
various rates with 10 ms by using error insertion device (EID)
in ITU-T G.191 software tool [11].

The above methods were evaluated with objective speech
quality measures including signal to noise ratio (SNR), segmen-
tal SNR [12], and wideband perceptual evaluation of speech
quality (WPESQ) [13]. In addition, we performed a subjective
quality test, which is called the 5-scale absolute category rating
(ACR) and mean opinion score (MOS) [14] in order to validate
the objective evaluation. For this test, subjective opinions were
given by a group of ten Korean listeners (mean = 33.2 years)
with normal hearing, where each listener determines one of the
following scores for each test sentence: 5 (Excellent), 4 (Good),
3 (Fair), 2 (Poor), and 1 (Bad). The experimental results are
shown in Table 3. As can be seen, without muting method yields
the worst performance. This ensures that the muting technique
is needed for the PLC algorithm. Summarizing all results as
shown in Table 3, we see that the proposed method outperforms
the other approaches in terms of SNR, segmental SNR, PESQ,
and MOS. Also, the results of subjective quality test are coin-
cident with that of objective quality test. It is evident that the
proposed method ensures better speech quality than the origi-
nal method. In particular, it is observed that performance gain
becomes larger as the packet loss rate gets higher. This obser-
vation confirmed the superiority of the proposed algorithm at
diverse network condition.

5. Conclusions
In this paper, we proposed an improved adaptive muting method
using a sigmoid function for ITU-T G.722 Appendix IV using
the sigmoid function. The principal contribution of this paper
is the reduction of the error between the desired signal and the
reconstructed signal by using the well-defined sigmoid function
when packet losses occur. We selected optimal values of the
two-parameter of the sigmoid function using on the grid search-
based training step and applied the sigmoid function to the mut-
ing algorithm. The performance of the proposed approach has
been found to be superior to that of the original method through
the extensive objective and subjective quality tests.
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