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Abstract—This paper proposes an adaptive playout control and
signal reconstruction method for speech-based audio
convergence VolP. In adaptive playout control, the buffering
time is minimized by way of playing out normally or
compressing each packet according to accurate network jitter
estimation. Also, linear prediction-based signal reconstruction
recovers lost packets and minimizes boundary discontinuities
between the good packets and the reconstructed packets. The
proposed receiver-based enhancing method delivers high-
quality voice and music service over IP networks.
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l. INTRODUCTION

The use of Voice over Internet Protocol (VolP) for
carrying real-time voice data over any IP network has
significant impacts on the telecommunication industry.

However, a number of factors may affect the service
quality of VolIP, such as packet loss, packet delay, and
network delay variation (also known as “jitter”). To provide
reliable services with satisfactory voice quality over IP
networks, considerable efforts [1][2][3][4][5] have been
made within different layers of current communication
systems to reduce delay, smooth jitter, and recover loss.

Some techniques have been developed for concealing
packet loss. In waveform substitution method, the missing
frames are replaced by another already-received frame using
pitch replication [4], [6] or pattern matching [7]. And the
model of the previously received signal (eventually slightly
modified) is used to generate the missing signal [8] in model
extrapolation method.

Several VolP playout buffer scheduling or timing
recovery algorithms have been proposed. Pinto [9] presented
a method that adjusts silence periods between signal spurts to
improve voice interaction quality, while Liang [3] proposed
adaptive playout-buffer schedulers that adjust the voice
regions by introducing time-scale modification. Chi [10], Li
[5], and Aragao [11] suggest a playout scheduling method
based on modeling packet arrival times using K-Erlang
distribution, a Gaussian model, Pareto distribution, etc.
However, these methods are “packet-based” and decide
whether to stretch or compress a packet once it is received.
Florncio [12] used the “buffer-based” method, which decides
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whether to stretch or compress only when the audio playout
device needs a frame.

According to enhancing VolIP speech quality, more and
more smartphone users are taking advantage of mobile VVolP
services. Recently, speech-based audio convergence VolP
codecs [13] that offer a high or nearly transparent quality
while remaining compliant with tight conversational
requirements (delay constraints in two-way communication)
are recently emerging for the applications of the high-quality
conferencing and VolP telephony. Specially, ITU-T
Recommendation G.729.1 is a scalable wideband speech and
audio coding standard designed to facilitate a graceful and
cost-effective evolution to high-quality wideband speech
based audio communications in packet-switched networks.

In this paper, we focus on enhancing VoIP speech and
music quality only at receiving portion of a mobile Internet
phone. The important functionality to be implemented at the
receiver is an adaptive playout control and signal
reconstruction scheme consisting of concealment of lost
packets based on the redundancy in neighboring packets,
adaptive playout-buffer scheduling using active jitter
estimation, and smooth interpolation between two signals in
a transition region.

Our method has three important improvements: 1) using
accurate jitter estimation our playout-buffer control makes it
possible to trade-off the buffering time with the rate of
packet loss; 2) our signal reconstruction based on recursive
linear prediction analysis and synthesis (LPAS) alleviates the
metallic artifacts that are often introduced during concealing
packet loss; and 3) using linear prediction (LP) based smooth
interpolation between the two signals in a transition region,
we improve VoIP speech and voice quality at the receiver.

This paper is organized as follows. Section Il describes
our proposed method. Section Il discusses the experimental
results. Finally, section 1V presents our conclusion.

Il.  PROPOSED RECEIVER-BASED VOIP QUALITY
ENHANCING METHOD

A. Structure of the Receiving Part in VoIP System

The proposed structure of the receiving part of a mobile
Internet phone is illustrated in Fig. 1. The receiving system
employs combined signal reconstruction and playout control
(SRPC) on the decoded signal frames.



CONTENT 2014 : The Sixth International Conference on Creative Content Technologies

Packet-to-Signal
Converter —t

Arriving Signal
Data Packets Reconstruction D/IA
at the Receiver ™ Packet Buffer and I Converter Alﬂ

Terminal L J—> Playout Control
Delay and Jitter

Estimator

Figure 1. Structure of the receiving part of a mobile Internet phone.

Arriving voice data packets from the sender over IP
network is adequately placed in a packet buffer. To feed
arriving packets to packet-to-signal converter at regular
intervals, the receiving system needs to maintain a packet
buffer. In response to the arriving packets in the packet
buffer, the network jitter is adaptively estimated and used to
assign each packet a controlled playout time in the SRPC
module. The packet buffer holds incoming packets and then
releases them for decoding at a regulated speed (i.e., every
10 ms), thereby reducing system delay. In this paper, the
length of each packet is 20 ms, and the size of the packet
buffer as a storage medium is 200 ms. Therefore, 1-10
packets are present in the packet buffer.

The decoded signal frames are entered into the SRPC
module. The current used packet-to-signal converter is
G.729.1 decoder.

In the SRPC, one of three processing modes (loss
concealment, smoothing, or timing recovery) is performed
for recovering lost packets and controlling the playout time
on the decoded signal frames.

To recover lost packets, the SRPC module often makes a
subsequent frame demand from the packet-to-signal
converter, causing the packet-to-signal converter to make a
packet demand from the packet buffer. The packet buffer
then extracts a voice or music data packet and sends it to the
packet-to-signal converter, which decodes it as a signal
frame. The digital to analog converter (D/A) regularly
converts the sampled signal frame from SRPC into an analog
signal. Finally, the user hears the analog voice or music
signal through a speaker.

B. Adaptive Playout Control and Signal Reconstruction

Fig. 2 presents an overall flow chart of three processing
modes in the SRPC shown in Fig. 1.

After silence segments are discriminated between signal
frames coming from the signal frame buffer, the SRPC
performs one of three modes on the i-th signal frame (where
i=1,2...1 denotes the time index when each voice packet is
generated at the sending host or when each voice packet is
played out through the speaker) and k-th arriving packet
(where k = 1, 2... K presents the number of packet at the
receiving host) as follows:

1) Loss concealment mode

If the i-th signal frame (subsequent signal frame for
playing out) is absent from the signal frame buffer, a packet
is declared lost and the “loss concealment mode”™ is entered.
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Figure 2. Flow chart of signal reconstruction and playout control.

Fig. 2 presents a flow chart of signal reconstruction and
playout control. Our loss concealment algorithm is based on
recursive LPAS using soft estimated pitch period to improve
the G.722 Appendix IV PLC algorithm [5]. In the proposed
recursive LPAS, the soft estimated pitch period is used to
generate a smooth excitation for recovery of the lost packets,
and effectively reduces tonal artificial frequencies that could
be caused by repeating a small segment many times. If
consecutive packets are lost, then the previous synthesized
signal is recursively input to LP filter to generate the new
smooth excitation signal. The reconstructed signal is
synthesized by filtering the smooth excitation signal and
gradually muted for the duration of the loss period.

2) Merging and smoothing mode

If the i-th signal frame is present in the signal frame
buffer and the (i-1)-th signal frame was lost, discontinuity
between the i-th signal frame and the (i-1)-th substituted
signal frame occurs and the “smoothing mode” is entered.
The smooth interpolation is obtained as follows: First, N
samples from the i-th signal frame are obtained and input to
the LPAS to generate the reference segment C. Second, the
signal segment A most similar to the reference segment C is
found in the samples of the (i-1)-th previous signal frame in
the history buffer. Third, the smooth estimated signal frame
D is generated using peak alignment overlap-add between
the signal frame A and the signal frame C. Fourth, the (i-1)-
th signal frame, the segment D, and the (i+1)-th signal frame
are merged into the new segment O. The segment O is
substituted into the i-th signal frame.

3) Timing recovery mode

If the i-th signal frame is present in the signal frame
buffer and the (i-1)-th signal frame was not lost, the “timing
recovery mode” is entered.

Fig. 3 depicts the algorithm flow chart of the decision of
compression or normal playout process.
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Figure 3. Flow chart of timing recovery.

The decision logic between normal playout or
compression processes for the playout scheduling is
performed using the estimated network jitter and the length
of the remaining signal frames in the signal frame buffer. For
this, the following subprocesses are handled:

e Let L and L™ denote the total length of the current
remaining signal frames and the previous remaining

signal frames in the signal frame buffer, respectively.

If L is larger than ¢- L” (1 < ¢ < 4), the normal
subprocess is initiated.

e If L is smaller than ¢- L"", the estimated jitter J; is
smaller than the jitter threshold Th; (10 < Th; < 20),
and the jitter variance cijx is smaller than the
compression threshold Th, (3 < The < 7), then the
normal subprocess is initiated.

o If the following three conditions are satisfied: L < ¢
LP®; Jix > Th;; and cj > Thg; and 7-Jix > L using (2
<1<5), then the normal subprocess is initiated.

e If the following four conditions are satisfied: L < ¢
L"® Jix > Th;; and cix > The; z-Jix < L, then the
compression subprocess is initiated.

C. Network Jitter Estimation

Our network jitter estimation incorporates spike detection
and accurately predicts network delays including spike
delays; thus, it is well-suited for timing recovery in playout
algorithms in which playout delay is adjusted for each
individual packet.

Fig. 4 depicts an algorithm flow chart of the proposed
active jitter estimation.
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Figure 4. Block diagram of the proposed network jitter estimation.

The active jitter estimation is composed of five modules:
present jitter computation, network state decision, weighting
factor calculation of the present jitter variance, average and
variance calculation of the present jitter variance, and
network jitter estimation.

The network jitter estimation procedure is as follows:

(Stepl) Inter-arrival jitter results in a network delay
change. Therefore, the inter-arrival jitter of the k-th arriving
packet in the i-th signal interval is computed.

(Step2) Using a modified enhanced normalized least
mean squares algorithm (E-NLMS) [1], network state is
classified into one of two zones: “spike” or “normal.” The
modified E-NLMS algorithm is incorporated with delay
spike detection using weighting factor g of the network
jitter variance. A delay spike is detected when the actual
network delay exceeds the predicted delay value or the
previous delay by a threshold. When the delays drop down to
the level before the mode is in force, the normal mode is
switched.

(Step3) The weighting factor f; of the inter-arrival jitter
variance can be obtained as:

If (mode;, = normal)

. :{ Bixa — &, Where ﬁi,o_pt <Bia O
' Bivat+oay, otherwise
else
Bix = Pixa
using o (0 < ac < 1), a4 (0.5 < a4 < 1.5) and
PR Tl T @

Ci,k—l
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where fiq, is @ weighting factor of optimal network jitter
variance to minimize the jitter error incurred by varying
network conditions.

(Step4) After the adjustments of Sy, average ciyx, and
variance m;, of the inter-arrival jitter are calculated
according to the determined network situation, as shown in

(3):

If (mode;, = normal and mode;,_, = spike)
m, =o-m,, + (1_0‘)' Jiks

3)

Cix = Cjymp + (1_a)"mi,k — Jix

else
my=a-m,,+ (1—a)~ Jix

Cik =a-Ciyy +(1-a) ‘mi,k — Jix

where mode;x and mode;y.; represents the current and
previous network state mode, respectively; a (0 <a <1)isa
smoothing parameter; tmp is the temporal point when the
spike is detected; and m;m, and Ciimp are the mean and the
variance of the jitter at the point at which the previous spike
was detected, respectively.

(Step 5) The active network jitter of the k-th arriving
packet in the i-th signal interval is estimated using the
calculated means and variances of the inter-arrival jitters as:

ik =My + B Cix “)
The estimate for the network delay En;y is computed as
Eni,k =0, - Eni,k—l"'(l_an)'ni,k ®)

where a, (0 < a, < 1) is a weighting factor that controls the
algorithm convergence rate and n;y is the network delay that
the k-th transmitted packet experiences.

The playout times are then adjusted as

Pisik = Eni,k + Ri,k +T“]i,k

(6)

where R; is the timing recovery delay, and 7 (0 <7 < 3)
controls the additional buffering delay and lateness loss ratio.

IIl.  EXPERIMENTAL RESULTS

A. Testbed Infrastructure and Measurements

In order to evaluate the proposed adaptive playout
control and signal reconstruction, a test bed is set up [14].
These are connected to each other by two types of networks:
ethernet (100 Mbps) and wireless local area network
(WLAN) (300 Mbps). SIP signaling involves a SIP Proxy
Server and two clients. VVolP application is developed by
using Visual C++ and is installed in clients. Clients are
mobile devices that have the following specifications: 800
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MHz CPU, and 4 GB memory. SIP signaling messages are
transferred through the audio data transport module and are
sent from clients to the SIP Proxy Server, and then the SIP
signaling messages redirected to clients accordingly. Clients
send audio data in RTP packets. In the audio data transport
module, Clients A and B are each connected to access points
(access points 1 and 2) of ipTime N604M (Hubs 1 and 2). In
the network traffic emulator module, a traffic generator is
used in order to simulate WLAN connections with different
traffic loads such as delay, jitter, and packet loss.

The speech samples are digitized at 16 kHz. Each trace
lasts for about 5 min and consists of 15,000 packets, each of
which consists of 20 ms of speech content. The music
samples consists of a database of 100 songs from different
genres such as pop, hip-hop, jazz, and classical and are
digitized at 16 kHz.

To evaluate the quality degradation, objective voice
quality testing is performed using perceptual evaluation of
speech quality (PESQ), total buffering delay (TBE), and
jitter estimation error (JER). PESQ is a recognized method
for accurately testing the quality level that will be perceived
by a VolP network user and is described in the latest ITU-T
recommendation P.862 Amendment 2 [15]. PESQ provides a
score ranging from 1 to 5, where 1 is unacceptable and 5 is
excellent. A typical range for VoIP is 3.5 to 4.2. TBE and
JER are defined as follows:

TBE:ZK:(pi,k ~a,)/K, (10)
k=1
JER:i(Ji'k—Ji'k_l)/K (11)

B. Comparison Results of Jitter Estimation based on Spike
Detection
To evaluate the performance of the proposed jitter

estimation based on spike detection, the experiment was
performed on four network traces listed in Table 1.

TABLE I. STATISTICS OF NETWORK TRACES
End-to- .
Trace ngt\f\?o ?Ed nse-lt—v?o?;( M aximum N:z?évlgertk
delay (ms) delay (ms) Jitter (ms) loss (%0)
A 49.29 26.02 295 0
B 42.17 57.75 392 0
C 48.79 31.97 374 0

In Table I, average of the network delay, standard
deviation (STD) of the network delay (which reflects the
jitter characteristics for each condition), and maximum jitter
(which is the difference between the maximum and
minimum delay in the short trace) are depicted. Because we
want to focus on the effect of jitter estimation based on spike
detection in this section, four network delay traces with the
extreme maximum jitter over 250 ms are chosen from the
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Internet links of the testbed infrastructure. And the network
traces do not carry any network packet loss.

The performance of the proposed jitter estimation method
is compared with three methods. The three methods used
have been modified from the contents of reference papers
and implemented. Method 1 is based on the adaptive gap-
based algorithm [7] incorporated with spike detection [3],
while Method 2 is based on an adaptive NLMS playout
algorithm with delay spike detection [1]. In Method 3, a
timing recovery and loss substitution method [16] is
combined with modeling the statistics of the interarrival
times with the K-Erlang distribution [5]. Four methods
commonly incorporate the packet loss concealment [10].

Table Il shows the experimental results on jitter
estimation error and late loss rate for each trace. PM denotes
the proposed algorithm.

TABLE II. PERFORMANCE OF THE JITTER ESTIMATION
Jitter

Trace Method estimation Late ';’ S rate
error(ms) (%0)
PM 34.4 1.06
Method 1 68.6 2.37
A Method 2 51.8 1.73
Method 3 60.5 2.02
PM 46.1 1.87
B Method 1 86.9 3.22
Method 2 67.5 2.53
Method 3 77.3 2.89
PM 36.9 1.46
Method 1 74.6 2.55
c Method 2 55.8 211
Method 3 66.2 243

As shown in Table Ill, the proposed jitter estimation
based on spike detection achieves smaller jitter-estimation
errors and late loss rate overall than Method 1, Method 2,
and Method 3.

C. Comparison Results of Adaptive Signal Reconstruction
and Playout Control
The six network delay traces that we collected from the

Internet links for the performance evaluation are listed in
Table I1I.

TABLE III. STATISTICS OF NETWORK TRACES
Trace End-to-End  [STD of Network Maximum Network Packet
Network Delay (ms)] Delay (ms) Jitter (ms)|  Loss (%)
1 25.38 7.46 48 1.93
2 24.82 8.30 48 3.99
3 34.80 13.37 152 3.97
4 47.17 17.88 195 1.99
5 79.98 29.62 363 1.96
6 78.22 31.22 371 3.97

STD, standard deviation

The performance of our proposed method is compared
with three methods that have been modified from the
contents of reference papers and then implemented. Method
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1 is based on an adaptive normalized least mean square
playout algorithm with delay spike detection [1] and packet
loss concealment [16]. In Method 2, the time-scale
modification and loss substitution method [5] are combined
with modeling the statistics of the inter-arrival times with the
K-Erlang distribution [5].

Table 1V depicts the experimental results of the four
methods. M1, M2, and PM denote Method 1, Method 2, and
the proposed method, respectively.

TABLE IV. EXPERIMENTAL RESULTS OF THE FOUR METHODS
Speech Music

(Sampling Rate: 16 kHz)| (Sampling Rate: 16 kHz)
Trace\Method | o | 5ep | peso | TBE | JER | PESO
(ms) (ms) | Score | (ms) (ms) Score

M1 42.74 | 18.46 | 2.857 | 43.47 | 17.54 2.825

1 M2 35.23 | 23.57 | 3.635 | 36.27 | 24.29 3.156
PM 26.48 | 14.17 | 3.902 | 28.67 | 14.23 3.432

M1 4451 | 18.62 | 2.703 | 45.64 | 20.09 2.512

2 M2 31.66 | 23.41 | 3.243 | 33.36 | 23.27 2.753
PM 25,54 | 14.13 | 3.682 | 27.93 | 13.83 3.285

M1 43.28 | 29.54 | 2.534 | 40.78 | 30.21 2.072

3 M2 45.39 | 29.36 | 2.877 | 46.48 | 29.37 | 2.532
PM 40.36 | 21.47 | 3.432 | 39.74 | 21.38 | 3.125

M1 4154 | 29.85 | 2.821 | 41.36 | 28.02 2.356

4 M2 50.15 | 29.19 | 3.267 | 49.11 | 28.11 | 2.943
PM 43.32 | 21.93 | 3.753 | 4454 | 21.48 3.557

M1 50.56 | 77.82 | 2.902 | 46.31 | 75.31 1.747

5 M2 85.55 | 78.24 | 3.082 | 87.26 | 78.04 2.675
PM 59.86 | 68.18 | 3.414 | 66.19 | 68.84 | 3.237

M1 51.81 | 7851 | 2.679 | 45.11 | 78.55 1.747

6 M2 85.47 | 78.18 | 2.605 | 78.78 | 78.25 | 2.248
PM 52.21 | 69.51 | 3.126 | 62.36 | 69.09 | 2.846

TBE, total buffering delay; JER, jitter estimation error; PESQ, perceptual evaluation of speech
quality; M1, Method 1; M2, Method 2; PM, proposed method

Table IV shows that our proposed method (PM)
outperforms the reference methods M1, and M2 in medium
jitter, high jitter, 2 % packet loss rate, and 4 % packet loss
rate. The highest PESQ scores were achieved using the PM
in traces 1. The PESQ scores of speech samples were higher
than those of music samples.

In particular, as the jitter levels or packet loss rates
increase, the PESQ scores decrease. The performance
difference becomes more significant, showing the clear
advantage of the PM. The PM is well-suited for operating
with low buffering delay against dynamic changes in
network conditions, and handling various loss patterns.

IV. CONCLUSIONS

In this paper, we proposed and evaluated an adaptive
signal reconstruction and playout control for enhancing VolP
speech and music quality. The proposed fully receiver-based
enhancing algorithm enables users to deliver high-quality
voice or music using the combined signal reconstruction and
playout control. Experimental results confirm that the
proposed method achieves higher PESQ values than the
other methods and is suitable for use in any practical mobile
VolP system.
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In the future, we will apply the proposed method to
advanced teleconferencing applications running on Smart
TV.
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