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Abstract

Current best-effort packet-switched Internet is not a perfect environment for real-time ap-
plications such as transmitting voice-over it (Voice Over Internet ProtocM@iP). Due

to the unlimited concurrent access to the Internet by users, the packet loss problem cannot
be avoided. Therefore, the VOIP based applications encompass a problem namely: "voice
guality degradation caused by lost packets”.

The effects of lost packets are fundamental issues in real-time voice transmission over the
current unreliable Internet. The dropped packets have a negative impact on voice quality and
concealing their influences at the receiver does not deal with all of the drop consequences.
It has been observed that in a very lossy network, the receiver cannot cope with all the
effects of lost packets and thereby the voice will have poor quality. At this poirAtkiee
Networks a relatively new concept in networking, which allows users to execute a program
on the packets in active nodes, can help VOIP regenerate the lost packets, and improve the
quality of the received voice. Therefore, VOIP needs special voice-packing methods. Based
on the measured packet loss rates, many new methods are introduced that can pack voice
packets in such a way that the lost packets can be regenerated both within the network and at
the receiver. The proposed voice-packing methods could help regenerate lost packets in the
active nodes within the network to improve the perceptual quality of the received sound. The
packing methods include schemes for packing samples from low and medium compressed
sample-based codecs (PCM, ADPCM) and also include schemes for packing samples from
high compressed frame-based codecs (G.729).

Using these packing schemes, the received voice has good quality even under very high
loss rates. Simulating a very lossy network by NS-2 and testing the regenerated voice quality
by an audience showed that significant voice quality improvement is achievable by employ-
ing these packing schemes.

XV



XVi



Statement of Originality

| hereby declare that this work contains no material which has been accepted for the award
of any other degree or diploma in any university or other tertiary institution and to the best
of my knowledge and belief, contains no material previously published or written by another
person, except where due reference has been made in the text.

| give consent to this copy of my thesis, when deposited in the University Library, being
available for loan and photocopying.

Mohammad Yousef Darmani
1 June 2004

XVii



XViii



Acknowledgments

First of all | would like to give thanks to the Almighty for His mercy upon me in guiding me
through this world of unknowns.

This thesis exists because of my parents whom | admire and respect above all else. Their
encouragement and support, which made this all possible, go beyond words.

| owe a great dept of gratitude to my supervisors who have given me the greatest sup-
port during my postgraduate research. Professor Langford White has been always there to
answer my questions and guide me with his valuable advice. Mr. Michael Liebelt gave me
confidence and smoothed the path of my research.

My special thanks go to my wife, Maryam, who had to leave her higher education to
provide a comfortable environment for me. Also, | would like to thank my son Amirhossein
who did his best to let me do my work. They have shown remarkable support, understanding
and patience in being taken from their home country to Australia, and in learning what it
means to live like a graduate student.

Finally, |1 wish to thank all others who, directly or indirectly, assisted me in my Ph.D.
including my brothers and their families, my wife’s family and all of my friends.

XiX



XX



Publications

1. Y. Darmani, L. White and M. Liebelt, “Two Novel Voice Packing Schemes for VOIP
to Recover Lost Packets Using Active NetworkSybmitted to IEEE/ACM Transac-
tions on NetworkingMay 2004.

2. Y. Darmani, L. White and M. Liebelt, “New Methods for Lost Voice Packet Recov-
ery in Active Networks”,Proceedings of the 11th IEEE International Conference on
Networks, ICON2003Sydney, Australia, pp. 57-62, September 2003.

3. Y. Darmani, L. White and M. Liebelt, “A New Voice-packing Scheme to Recover
Lost Packets using Active Networks?yoceedings of the International Symposium on
Telecommunication, IST200&fahan, Iran, pp. 95-99, August 2003.

XXi



XXii



Chapter 1

Introduction

1.1 Internet telephony

The Internet represents a powerful communication network spanning the whole world. Im-
proving its overall abilities by increasing its bandwidth and decreasing its transmission delay
changed it from a scientific research environment to a mass medium for everyday use. The
Internet tempted the researchers to use it for something it had not been designed for: real-
time multimedia communication. Research efforts have been conducted towards sending
voice over Internet Protocol (IP) based networks. The IP telephony is attracting attention as
a platform for the new generation of multimedia communication networks. The new IP tele-
phony uses the current Public Switched Telephone Network (PSTN) to make connections
among conversation participants. Here are some important motivating points for sending
voice over the Internet.

e Cost: Making a long-distance call by the Internet is much cheaper compared to PSTN.
This is due to the usual flat-rate charge that the Internet Service Providers (ISP) cur-
rently charge for their services [65]. In this case, only the marginal networks (at both
sides of a call) use PSTN and the users have to pay for them.

e Signalling: APSTN phone can only carry Dual Tone Multi Frequency (DTMF) signals
in-band (in the same voice channel). In contrast, IP based calls can send signals out-
of-band as a separate set of IP packets. Consequently, the end point device can act as
an intelligent device providing sophisticated services [78].

e Other services: Using the Internet, it is feasible to have other services besides the voice
in a conversation such as sending text messages or generating an email for unanswered
calls.

Of all these points the first point, cost, strongly pushes the use of the Internet as a
voice transmission medium. In contrast to traditional telephony, which is based on a fixed-

1



Chapter 1. Introduction

IP IP

Gateway| Gateway
7 a

PC

Figure 1.1: IP telephony configuration.

bandwidth, circuit-switched, end-to-end connection, IP telephony is based on IP networking,
which offers the potential to have more services than voice. Besides that, VOIP offers dif-
ferent connection types for its users:

e voice communication between PCs using the Internet telephony software,

e voice communication between an existing telephone and a PC through the Internet,
and

e Vvoice communication between existing telephones via the Internet.

Figure 1.1 shows the configuration of the IP telephony in the current Internet.

New technologies help the Internet become faster. It is a best-effort, packet-switched net-
work. Although transmitting voice over the Internet has many obvious benefits, its speech
quality still is not comparable to the quality achieved by PSTN for many important reasons,
such as delay and lost packets. Real-time applications place heavy demand on the network,
therefore delay and losses occur. VOIP suffers from packet loss problem and its voice quality
demotes drastically with lost packets. Most lost packets are due to congestion, bit error or
delay. To mitigate the problem, many methods were introduced to recover the lost packets.
In the current Internet, lost packet recovery is done on an end-to-end basis by high-layer
protocols such as TCP, which retransmits the lost packets. Obviously, this lost packet recov-
ery strategy cannot be used for VOIP due to its excessive delays. Voice quality degradation
caused by packet loss, motivates researchers to find special voice-packing schemes to pack,
transmit and regenerate voice for VOIP based applications.

To transmit voice samples over the Internet several techniques were introduced to encode
and pack the samples. Most of them try to compress the voice, exploit the redundancy of the
speech and reduce the data rate. Conventional coding schemes simply try to send voice bit

2



streams to the receiver. Therefore, there is no way to cope with all the effects of lost packets
and the voice will have poor quality. Since they do not take packetization into account,
they do not have a specific compensating scheme when a packet is lost, so they cannot be
used under very lossy networks. In short, these packing schemes aim to reduce congestion
in the network by compressing the data but they do not offer an effective compensating
routine when a packet is lost. Although VOIP uses different protocols, it has no specific
mechanism to regenerate lost packets nor to cope with the drop problem [109]. In contrast
with the conventional voice-coding schemes, many methods are introduced that are specially
designed to send voice packets through the Internet. They are structured to pack voice in
such a way that it can tolerate some lost packets.

1.2 Problem statement

The current Internet design is based on the best-effort principle, which does not guarantee the
non-delay and loss-less environment needed for real-time applications such as VOIP. Voice
is delay-sensitive by nature, thus its end-to-end delay is restricted. Consequently, besides the
real lost packets, all packets delayed over a certain time limit are considered lost packets. In
contrast with the file transmission over the network, voice samples do not need to be 100%
precise at the receiver to generate acceptable sound. In view of this, the receiver can estimate
some lost samples by other available samples.

The purpose of this thesis is to introduce new methods to pack voice samples in such a way
that the lost packets can be regenerated by the receiver or within the network. New coding
schemes aim to improve the received voice quality in a lossy transmission environment. The
schemes are based on theoretical aspects of voice properties.

This thesis tries to introduce new algorithms to encode and pack the voice samples at
the sender as well as to decode and regenerate the voice at the receiver. The algorithms
can be implemented in active nodes as well as at the end nodes and they allow the active
nodes to do 'on-the-fly’ regeneration of some lost packets. They are simple to implement
and quick in terms of processing time. Moreover, they do not add intolerable redundant data
or delay in the real time voice transmission environment. The schemes improve the Quality
of Service (Qo0S) emphasis on packet drops and compensate for those effects. The schemes
work on packing speech based on its specifications and on the drop behaviour of the Internet.
Using these packing methods, active networks can help VOIP regenerate lost packets in each
active node and help improve the quality of sound at the receiver. The regenerated voice is
evaluated by subjective tests. In general, it is tried to use both source and channel coding
methods to pack voice packets so as to cope with the packet loss problem.
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1.3

Thesis outline and methodology

This thesis proposes many new voice-packing schemes using the following steps.

Using results of network measurements (own tests and results available in the litera-

ture), a brief review of packet loss, its nature and reasons are studied. Methods and
metrics to model the lost packets are considered and evaluated. A loss model is chosen
for all the simulations (Chapter 2).

The nature of speech and its properties are investigated and periodic and non-periodic
voice and their specifications are studied (Chapter 3).

Methods to cope with packet loss problem are stated and a method is selected for the
simulations (Chapter 3).

Different protocol used for VOIP are investigated and using a patch on RTCP, the
RTP/UDP/IP is selected (Chapter 3).

Active network, its structure and its node specifications are studied and it is mathe-
matically proved that an active node can improve the voice quality in VOIP (Chapter
4).

A very lossy network based on measured Internet behaviour is established, an active
node is implemented and the whole active path is used for all the simulations. The
path contains an end-to-end loss model with adjustable parameters. The implemented
active node and the selected simulation environment allow control of the loss pattern
(Chapter 4).

Detached Samples Packing Method (DSPM) as a voice-packing scheme based on
speech properties for uncompressed voice samples is introduced (Chapter 5).

Detached Adaptive Differential Pulse Code Modulation (DADPCM), a voice-packing
method based on DSPM and ADPCM algorithm, is explained (Chapter 6).

Different methods to choose "important” samples that help improve the voice quality
of the regenerated lost samples are introduced (Chapter 6).

Detached Adaptive Differential Pulse Code Modulation 5 (DADPCMD5), a voice-packing
method suitable for very lossy networks that can tolerate burst loss packets is presented
(Chapter 7).

Discrete Fourier Transform (DFT) of voice segments, its specifications and many ac-
complished experiments based on transmitting DFT coefficients of voice samples, ac-
companying their results are explained (Chapter 8).




e Detached Fourier Coefficients Packing Method (DFCPM) as a voice-packing method
based on sending the DFT coefficients of a voice segment and regenerating the voice
by applying the inverse Fourier transform at the receiver is introduced (Chapter 8).

e Enhanced DFCPM (EDFCPM), an enhanced version of DFCPM which carries two
series of data that improve the voice quality of regenerated lost samples is presented
(Chapter 8).

e Enhanced Code Excited Linear Prediction (ECELP) as three voice-packing schemes
that send the extracted parameters of the Linear Prediction (LP) model of voice are
introduced and the way they choose the important samples are explained (Chapter 9).

e Complimentary Adaptive Differential Pulse Code Modulation (CADPCM) as an im-
proved version of Hardman'’s algorithm that inserts redundant data based on the voice
specifications is introduced (Chapter 10).

The last Chapter summarizes the thesis.
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Chapter 2

Packet loss models and metrics

Internet technology has increased interest in developing high quality, Internet-based multi-
media applications such as VOIP, teleconferencing and telemedicine. Quality of received
data is the key to the success of such applications. Packet loss is one of the most impor-
tant factors determining the quality experienced by delay-sensitive multimedia applications.
Increasing loss causes drastic degradation in the quality of received data in such applica-
tions. This Chapter aims to provide understanding of the voice packet loss rate experienced
at the receiver. It discusses why packet losses occur on the Internet and it explains some loss
models and describes the chosen model for simulations.
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2.1 Packetloss

Generally, when a packet does not arrive at the receiver or in the case of real time applica-
tion, if it arrives late, it is classified as a lost packet. The latency is defined later. Boyce and
Gaglionello [11] measured the loss rate and unsurprisingly, they observed higher loss rates
during weekday business hours and lower rates in the middle of the night. They measured
packet loss rates ranged from 0.018% to 100% for a 5-minute sample during the day. They
concluded that the detail of loss is hidden if only the average loss rate of 7.123% is consid-
ered. To avoid having a simple but inaccurate loss model, different causes of lost packets are
examined and it is tried to find a good model to describe and simulate lost packets on the
Internet.

2.1.1 Causes of packet loss

Three distinctive causes for packet loss are identified.

e Congestion: When the input load is higher than the forwarding speed of the routers, the
packets are temporarily stored in the queue of the routers, waiting for their turn to be
processed and forwarded to the other nodes. As the queue has finite size for holding
packets, when it is full, any new, incoming or even some of the queued packets are
dropped (based on the policy of the router). Therefore, packets are lost due to the lack
of queue space in network nodes which is a consequence of limited queue size and
congestion in the network. Due to the expiry of Time-To-Live (TTL) in the header
part of the IP packets, Nagle [71] showed that even with an infinite queue size, packet
loss could not be eliminated. As the congestion is responsible for lost packets, many
network researchers tried to measure its role in the network. Jain [51] explained the
general behaviour of a network responding to load. He stated that when the load
is small, the throughput of the network increases as the load increases. When the
incoming rate is higher than the network capacity, a queue starts to form within some
nodes in the network, which is the starting point of congestion. During congestion,
packets may either be dropped from the tail of the queue or be randomly dropped
from within the queue, when the average queue size exceeds a threshold limit [39].
Moreover, he suggested measuring the round trip delay of packets at the congestion
starting point {.). When a packet is lost, the measured round trip delay is compared
with T... If T, is lower, the loss is probably due to the congestion arid i higher,
the loss is probably due to other reasons.

e Bit error: Packet loss due to noise often happens in a transmission system with lossy
links. This issue is very significant in wireless radio links, particularly those with a
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long propagation delay, such as satellite links [88]. Based on Shannon’s theory, when
transmission rateK) is less than the channel capacity)( the probability of having

error (P.) is low (which happens in the wired or optical links). When the transmission
rate is higher than the channel capacity, the error rate is quite high (which is the case
for some wireless and satellite links) [15]. Figure 2.1 shows the relation beti®een
andR based on that theory.

This type of error is classified as bit error. Typical bit error rates in the satellite net-
works are in the order of error per107 bits transmitted or less [2].

e Out of order and Delay: Although Internet routers employ FIFO queueing, any time a
route changes, if the new route offers a lower delay than the old one, then reordering
can occur [69]. Like the lost packet rate, the out of order packet rate varies with time
of day. [11] shows that a majority of the out of order delays are only by a single packet.
Reordering the packets requires buffering the data prior to decoding, but using a play-
out buffer adds to the delay in communication, which is not acceptable in most real-
time applications such as VOIP. Therefore, the out of order packets are classified as
lost packets. In any case when a packet arrives later than its play-out time, it is useless
to send it to the output stage and so it should be considered a lost one. Network delay
consists of propagation delay, processing delay, transmission delay and queueing delay
caused by congestion [54]. Congested networks cause most of the delayed packets. If
the network delay is not constant, packets are subject to Jitter and the receiver may
experience gaps that interrupt the continuous play back of the voice. Dempsey and his
colleagues in their novel S-ARQ scheme proposed applying an ad&uiveol Time
before playing back the first packet to compensate the Jitter effect [25].

A compensating scheme in which the receiver can overcome the loss problem should be
dependent on the loss nature. Therefore, efforts were made to judge the cause of losses.

9
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Some algorithms try to differentiate between loss caused by congestion and loss caused by
bit error.

¢ Liu and his colleagues showed that congestion and non-congestion related losses are
difficult to differentiate by round trip time under high load because the bottleneck
gueue occupancy shows less variation under very high network utilization [61].

e Biaz and Vaidya [4] proposed an algorithm based on comparing arrival time of in-
sequence and out-of-order packets at the receiver.

e The Spike scheme [104] is based on measuring the Relative One-way Trip Time (ROTT)
that a packet takes to travel from the sender to the receiver.

e The ZigZag scheme [16] classifies losses based on the number of losses and on the
difference between the ROTT of one packet and the average ROTT of all packets.

In spite of all these algorithms, there is no clear and decisive way to classify lost packets
in all networks. However, it is possible to say that if the lost packets are separated and the
arrived packets are not delayed, the loss is due to the bit error problem [89], and when some
consecutive packets are lost (burst loss) and when the arrived packets are delayed, the loss is
due to the congestion problem.

2.1.2 Loss rate and packet length

Currently in the Internet, a transmitted IP packet is either received entirely or lost entirely.

If a packet is longer than a specific threshold named Maximum Transfer Unit (MTU), it is
divided into fragments [21]. If any of those fragments is lost (due to any reason), the whole
IP packet is lost. Therefore, one can expect that packets shorter than MTU will have lower
loss rates than longer packets (MTU is 1500 bytes for Ethernet segments). From [21], it
can be concluded that packet loss rate is proportional to the closest integer to the packet size
divided by MTU.

2.1.3 Statistical information about packet loss

In order to find the packet loss rate in the current network, some measurements were under-
taken. In a practical test, 1000 UDP packets of length 400 bytes and 50 ms interval from
The University of Adelaide in Australia were sent to some sites in China, Malaysia and Iran.
Each packet was treated as a 50 ms message that had 400 byte voice samples. These packets
were sent to the echo ports of the above sites and during each 50-second test, the received
packets were logged. The tests were done many times during April 2002. A program written

10
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Figure 2.3: Loss rate in 195.146.45.162 (Iran).

in C analyzed the log files and produced the number of lost packets and their locations. In
addition, it calculated the number of individual and consecutive lost packets. Some of the
results are shown in Figures 2.2 to 2.4.

These results show that although most lost packets are separated and consecutive losses
have a lower probability of occurrence, UDP packet losses are not well modelled by totally
independent loss patterns. Other network researchers obtained similar results [6, 107, 11].
Bolot and his colleagues [7] had the same conclusion with their 320-byte UDP packets
from INRIA in France to UCL in the United Kingdom. Although many researchers envis-
aged burst losses, they stated that most of the lost bursts consisted of isolated single losses
[112, 105]. As sending TCP packets has a totally different strategy to sending UDP packets,
measurements using TCP packets will generate completely different results in which greater
correlation between lost packets will be observed [75].

Practical experience showed that the loss rate at some sites is quite high, reaching up
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Figure 2.4: Loss rate in 202.186.124.32 (Malaysia).

to 10%. Losing 10% of voice packets has a severe negative impact on voice quality at the
receiver specially when high compressed voice packing methods are used. The tests were
repeated with 16 byte length packets and the same loss rate was measured. As is expected,
the measurements described in Subsection 2.1.2 show that when the packets’ length is less
than MTU, the loss rate is only minimally related to the packets’ size, because most routers
are packet-limited rather than byte-limited [107].

2.2 Loss models

This Section describes some loss models and their specifications. Each loss model is based
on several statistical assumptions, therefore, to select an accurate loss model, which matches
well with the measured loss patterns, its assumptions and features must be considered. At
first, ann'™ order Markovian chain as a general model is chosen and explained. Then some

of its special cases are considered and analyzed. Finally, taking into account the measured
loss rates, a suitable model for simulation is chosen.

2.2.1 n-state Markov chain

This model has a memory of allpast events for both loss and non-loss packets [113]. In this
model, the probability of receiving or losing the next packet depends on the paskets,
regardless of whether these packets were lost or received and it is described by

PXi=xi|Xii =21, .., Xicp = 2in) = P(XiXi1, ..., Xin). (2.1)

As this model needs to have all the lasttates, it need8" states to track the history of
n packets an@ x n conditional probability matrix to store all possible combinations. By

12



PIX=01X11=0,X,.,=0]

P[X n:1|X n-1=1!X n-2=o]

Figure 2.5: State diagram of a Markov chain with n=2.

definition, X; is a Markov chain of orden if the conditional probability?(X; = x;| X;_, =
z;_p,) is independent ok;_,, for all » > n [5]. Figure 2.5 shows the state diagram fo« 2.

This model is a general model and even for a smalt is difficult to evaluate all of its
parameters. The Markov chain can be simplified to have Bernoulli [46], Gilbert [8, 113] and
Extended Gilbert models [92].

2.2.2 Bernoulli model

In this model the probability of losing or receiving a packet is totally independent of the
situation of the previous packets. This simple model, which is known as Independent and
Identical Distribution (IID) has a single parametét, which expresses the probability of
losing a packet [46]P can be calculated by

No. of lost packets

~ Total No. of packets’ (2:2)

This model that is a Markov chain model with the ordefphas no memory about the lost
packets. The observed loss patterns have some consecutive losses; therefore, this simple
model cannot be classified as an accurate model for this purpose. Moreover, an average loss
rate cannot explain the detailed loss patterns in the Internet. Different loss patterns that have
different impacts on VOIP may have the same average loss rate.

2.2.3 Gilbert model

Observed patterns of lost packets in the Internet revealed that the probability of having
consecutive lost packets decreases approximately geometricallyc withis probability is

13
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Figure 2.6: State diagram of Gilbert model.

stated by the Gilbert model [8, 113]. This model, as a two state Markovian chain is shown
in Figure 2.6.

StateX = 0 represents the state of a passed (no-loss) packet andXstatel repre-
sents the state of a lost packet. Receiving or losing a packet in this model is dependent on
its previous packet, so it has one level memory. The Gilbert model as a special case of the
Markovian chain with the order of one has two probabilitiegndq denote the correspond-
ing state transition probabilities, and are defined by

p=P(X =1|X=0) = P(packet nis dropped | packet n — 1 is passed)
and
q=P(X =0]X =1) = P(packet nis passed | packet n — 1 is dropped).

p expresses the probability of losing a packet when the previous packet has been received
and1l — g expresses the probability of losing a packet when the previous packet has been lost.
For steady state conditions, the transition and state probabilities can be expressed by

1—p ¢ PO
P 1—gq| | P1

PO

o (2.3)

where

Py and P; as the probability of being in state O and 1 respectively, are gained from (2.3)
and (2.4), as

po= 1 (2.5)
p+q
and
p1 = 2 (2.6)
p+q
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Based on this model, the probability of havihgonsecutive lost packets is given by

Ly =q(1—¢)*"!

and the probability of receiving consecutive packets is given by

Ry, = p(1 —p)F 1.
Upon defining

Or = No. of klength losses

a = total No. of packets

and

d = Z Ork = total No. of lost packets
k=1

thep andq can be calculated by

&9 Ok
p = —

a
k=1

and

1 — 2211 Ok(k_l)
d—1 '

q:

Although Jiang [55] found that this model underestimates the probability of consecutive
losses for his TCP based packets, from the simulation study described here it was found that
the Gilbert model had enough accuracy to fit all its UDP based lost packets.

2.2.4 Extended Gilbert model

2.7)

(2.8)

(2.9)

(2.10)

(2.11)

(2.12)

(2.13)

The extended Gilbert model [92] has one st&te= 0 for all non-loss packets and states
(or infinite states) for lost packets. It is believed that wheis a sufficiently large number

(depending on the voice-coding scheme), losiray » + 1 consecutive packets produces the
same voice quality degradation in VOIP. Therefore, it is not necessary to study the infinite

state model. In the extended Gilbert model, for danywhenk < m, P(X = k) is the
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mm

Figure 2.7: State diagram of extended Gilbert model.

probability of having exactly: losses and’(X > k) is the probability of having at least
losses. Figure 2.7 shows this model.

In this model the probability of the next loss depends on the number of previously expe-
rienced consecutive losses. As in the case with the Gilbert model, the probability of going
from a non-loss state to either a loss or a non-loss state is independent of the number of
previous successfully received packets.

2.2.5 Poisson Model

The occurrence of lost packets can be modelled as a Poisson process with exponential inter
arrival times [113]. This model appears to fit well when the packet loss inter arrival times
can be shown to be exponential and lost packets can be shown as independent events. Ac-
cording to the collected information about lost packets, this model cannot be considered as
an accurate model.

2.3 Model evaluation

Based on the measured loss pattern from the practical tests, a loss model is described, which
can accurately explain the lost packets.

e Bernoulli model: Jiang and Schulzrinne in [54] compared the Bernoulli and the Gilbert
model and they concluded that the Bernoulli model over-predicts single losses and
under-predicts burst losses. As this model has only a simple average loss rate, they
concluded that it cannot explain consecutive losses.

e Gilbert model: From (2.12) and (2.13), and measured loss patterns (Subsection 2.1.3),
thep andq are calculated as

p = 3.3% (2.14)
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and

1—q = 0.2%. (2.15)

It has been found that the Gilbert model underestimates the probability of having more
than 6 consecutive losses [62]. In view of Subsection 2.2.4, the Gilbert model appears
to be sufficiently accurate within the region of interest. Considering the fact that it is
desired to find some voice-packing schemes to pack and transfer voice packets through
the Internet, the Gilbert model expresses quite good loss estimation for simulation
purposes. Moreover, the Gilbert model is used to analyze the role of active nodes
in VOIP. For a very heavy lossy environment, the simulation uses the Gilbert model
whereinp = 50% and1 — ¢ = 3.3% which has the samgto 1 — ¢ ratio with higher
absolute value gb and1 — g.

e Extended Gilbert model: In spite of the complexity of this model, it was used for the
simulation purposes. However, it was found that this model generates almost the same
voice quality as the Gilbert model in a practical situation. Therefore, for the sake of
simplicity, the Gilbert model is adopted in a subsequent analysis.

In order to identify the relation between the packet sending rate and packet loss rate, some
work have been done by researchers [60]. Feng et al. observed significant packet loss even
when the offered load was less than half of the available network bandwidth [27]. They stated
that this behaviour is due to simultaneous bursts of traffic coming from client application and
overflowing the buffer size in the bottleneck nodes. They showed that with onlyd€of
spacing between packets, the throughput remains the same, but the packet loss drops to 35%.
Therefore, in all of the voice-coding schemes, packet spacing with more than 10 ms interval
between two packets is used.

2.4 Summary

Packet loss and its reasons are investigated in this Chapter. Some performed tests are de-
scribed which revealed that the loss rate is mostly related to the number of packets rather
than the packets’ length. Therefore, the network loss rate is measured dynamically and con-
sequently, redundant data based on that loss rate is inserted. As a result, the packets’ length
is dependent on the condition of the network and the voice-coding scheme. In so far as the
redundant data is small and the packets’ length is less than MTU, the loss rate would be min-
imally related to the packet size. In this Chapter, different models for analyzing packet loss
are considered and the Gilbert model is chosen as a practical model for simulation purposes.
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Chapter 3

Voice Over Internet Protocol (VOIP)

This Chapter begins with a brief review of speech properties and classification of speech
segments. Different voice quality measurement techniques are discussed in the next section
and the voice quality assessing method is explained briefly. Speech-coding schemes related
to VOIP and some methods that attempt to mitigate packet losses are described within the
next two sections. Methods for modelling QoS in the Internet and VOIP protocols are also
described.
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Figure 3.1: Speech waveform and its different parts.

3.1 Properties of speech

Vibrating vocal cords and the shape of the lips and the nose produce speech sounds. Speech
sounds can be divided into four parts as follow.

¢ \iced: Which is produced by closing and opening the vocal cords.

e Unvoiced: Which is produced by forcing air through a constriction of the vocal cords.
¢ Unvoiced to voiced transition.

¢ \oiced to unvoiced transition.

Figure 3.1 is an example of the author’s voice saying: "one two three”.

The voiced sounds have higher energy compared with the unvoiced ones and they are more
important to the perceptual sound quality [13]. Voiced sounds have quasi-periodic charac-
teristics in the time domain that is a useful property used in the DSPM packing method. In
contrast with the voiced sound, the unvoiced sounds have a broad spectrum in the frequency
domain and usually a random signal is used to model them. Packet losses have different ef-
fects on perceptual voice quality if they occur in different parts [100]. The losses occurring
within unvoiced segments have little impact and loss occurring within the transition from
unvoiced to voiced segments have the severest impact in total voice quality. Sun et al. in
[100] showed the relationship between loss location and voice quality for different codecs.
In addition, they showed the dependency between loss location and its convergence time.
According to their results, loss of voiced segments has a different effect on the voice quality
based on its location within the voice segment. The nearer the loss to the beginning of the
voiced segment, the severer its effect on the total voice quality. The quality of regenerated
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voice is drastically influenced by loss within 150 ms after an unvoiced to voiced transition
[48]. Some statistics calculated over a sample size of 64 kbyte are presented in Table 5.1.

3.2 Voice quality measurement

Speech quality deals with two concepts: Intelligibility (what the speaker has said) and Neu-
trality (how the speaker has said something). A very low-bit-rate vocoder can be considered
as an Intelligible coder but it does not provide natural sound. Itis tried to pack voice samples
in such a way that in spite of some lost packets; the regenerated voice will be 100% intelligi-
ble. Therefore, it is desired to concentrate on improving the quality of sound by increasing
its Neutrality as much as possible.

The quality of the regenerated voice is a subjective response by the listener. Mean Opinion
Score (MOS) is a common benchmark to measure the quality of the reproduced sound at the
receiver. MOS needs a wide range of listeners to hear and judge the quality of a voice sample
on a scale of 1 (bad) to 5 (excellent). In order to judge the voice quality, the same strategy
with scores between 0 (for very poor quality) and 10 (for the original quality) is used. To
test the voice, an audience is asked to listen to the original voice and mark it 10. Then the
regenerated voice samples were played and the audience had to mark them relative to the
original voice. Therefore, all voice qualities are markedréhative quality which means
that they are judged in relation to the original voice. Test environment and all of the voice
samples are detailed in Appendix C. The term "acceptable voice quality” is used in this
dissertation and its meaning depends on the current VOIP test situation. On the one hand,
VOIP needs a real-time communication environment, therefore, the overall delay between
sending and receiving a voice packet should be low. On the other hand, the Intelligibility and
Neutrality of the received voice should be high enough to let the listener feel comfortable
using VOIP instead of PSTN.

In contrast with the subjective tests, there is another method to measure the voice quality
named the "objective test”. In the objective tests, speech quality is evaluated by measuring
the distortion of the regenerated voice compared to the reference voice. It is believed that an
objective test is not an accurate method of judging the voice quality because when packets
are lost, the distortion of the regenerated voice compared to the original voice does not offer
a good measure of voice quality. Signal to Noise Ratio (SNR) [77], Diagnostic Rhyme Test
(DRT), Diagnostic Acceptability Measure (DAM), VQmon [19] and the E Model [37] are
other means of measuring the voice quality related to VOIP.
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3.3 Voice Over Internet Protocol (VOIP)

To transfer speech over a digital system, it must be filtered and digitized to make voice
samples. Waveform analysis shows that there is significant redundancy between contiguous
samples. It is found that the correlation coefficient between adjacent samples is generally
0.85 or higher [3]. Therefore, itis usually possible to estimate a lost sample using its adjacent
samples. In order to reduce the needed bandwidth to transfer voice samples three speech-
coding methods are employed [91].

e Waveform coders: These types of coders try to directly encode speech samples. The
Pulse Code Modulation (PCM) is the simplest waveform codec in which the amplitude
of the signal is quantized to one of a discrete set of values.

e \ocoders: They try to model speech signals by a set of parameters and they decode the
parameters at the receiver.

e Hybrid coders: They use both waveform and vocoder principles to encode voice sam-
ples. They try to minimize the distortion at the cost of a higher bit rate compared to
the vocoders.

Vocoders and hybrid coders, which model the vocal track by a linear filter, usually operate
at a lower bit rate compared with the waveform coders and they normally operate on fixed
size of speech frames. Hybrid coders have better speech quality than vocoders using their
higher bit rates. DSPM (Chapter 5), DADPCM (Chapter 6) and DADPCMS5 (Chapter 6) use
waveform coders and hybrid coders are used in ECELP (Chapter 9).

Apart from speech-coding schemes, VOIP needs methods to cope with packet loss prob-
lems when it uses a lossy network as a medium to transfer its packets. The following Section
introduces these methods.

3.4 Methods to cope with packet loss problem

There are four well-known schemes to overcome the loss problem in VOIP applications:

3.4.1 Sender and receiver based scheme

In this method, a feedback type protocol called Automatic Repeat Request (ARQ) is applied
between sender and receiver. When the receiver detects a lost packet, it requests the sender
to retransmit that packet. ARQ is robust and reliable, but apparently, it adds significant de-
lay in the packet transmission system. Interactive audio applications are very sensitive to
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Figure 3.2: Packet structure with interleaving factor

end-to-end delays and the delay needs to be less than 250 ms [12], however, International
Telecommunication Union-Telecommunication Standardization Sector (ITU-T) G.114 rec-
ommends that one way delay in telephony should be less than 400 ms. ARQ is suitable for
applications that are more loss-sensitive than delay-sensitive, such as file transmission over
the Internet. This scheme is not typically used for compensating the lost packets by real-time
applications.

3.4.2 Sender based scheme

In this scheme, the sender employs techniques to help the receiver regenerate the lost packets.
The following describes some of the techniques.

¢ Interleaving: In this technique a speech segment is divided into blocks and the sender
resequences the blocks before transmission, so adjacent blocks in the original voice
segment are separated by a specific distance in the transmitted stream. The receiver
buffers the incoming packets and reorders them into their original sequence. Suppose
thatm is the size of a voice segment in bytejs the block size in byte and in the
interleaving factor.

There arem/n blocks and they are sent toward the receiver in the sequence that is
shown in Figure 3.2.

In case of losingP2 in the network, the receiver will have

bi @ b3 ...bpbrp1 @ bigs ... bop bopr1 @ bopys ...

sample sequence (a lost sample is showmbyThus, the receiver envisageson-
secutive lost bytes everyblocks. Obviously, the lower and the highek, the better
voice quality at the receiver. In contrast to the quality, the delay gets worse avhen
andk increase. Generally, the receiver has to wait to get all packets before decoding
the voice. The total delay is proportional to

Delay ~ No. of blocks per packet * n x k.
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In conclusion, the lower the is, the better the quality and less the delay at the receiver
are. Therefore, it is tried to use a smallOn the one hand the lower thds, the less

the delay that the receiver envisages but the worse voice quality the receivek gets.

is set to 2 for most voice-packing schemes but DADPCMS5 uses5 (DADPCM5

is a suitable voice-coding scheme for very lossy networks). Guo and his colleagues
used inter-frame data interleaving and intra-frame data encryption in their scheme [45].
They proposed using interleaving to encrypt data and to protect data against packet loss
problems. They used packet repetition as their lost packet recovery scheme.

e Forward Error Correction (FEC): This scheme is based on adding repair data to a
stream, from which the contents of lost packets may be recovered [76]. The FEC
schemes can be categorized in two groups: schemes that are independent of the content
of the stream (data independent FEC) and schemes that add redundant data based on
the nature of the data in the stream (data dependent FEC).

— Data Independent Forward Error Correction: Parity coding [84] and Reed-Solomon
coding [64, 82] are examples of schemes in which each codewardlehgth
main data generategdength codeword of redundant data, generating:ah p
length packet (the redundant data might be sent in another packet).

— Data Dependent Forward Error Correction: In this category, the redundant data
is chosen based on the nature of the main stream. For example, in VOIP appli-
cations, the redundant data is chosen in such a way that the lost voice samples
can be regenerated by the available redundant data in the next arrived packet.
Inserting compressed voice codes of each packet into the next packet is an ex-
ample of this error correction scheme [47, 77, 10]. These FEC schemes have the
advantage of having low-latency compared with other sender-based techniques,
because they need a single-packet delay for adding the redundant data to the main
stream.

e Adaptive Packetization / Concealment (AP/C): Assuming that most lost packets are
isolated and that the packet loss probability is equally distributed in relation to the
packet size, Sanneck [90] changed the packet length based on the segment type and its
pitch period. He tried to pack voiced segments in short packets and unvoiced segments
in long packets. In his algorithm, when the receiver detects a lost packet, it copies and
resamples the last arrived packet to fit the gap.

Rubenstein and Towsley in their work tried to combine both ARQ and FEC methods to cope
with the loss problem in the network [86, 72]. They added parity to packets and tried to
retransmit some packets that could not be corrected due to high loss rate in the network.
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They added FEC packets with no concern for the specifications of the media, especially
the voice. [93] tried differentiation between non-important and important voiced packets by
marking the important ones and allowing them to be retransmitted if they were lost. Some
works have been undertaken based on using more than one recovery scheme at a time. In
another approach, Hoene et al. [48] proposed to add a booster in the data link layer of the
sender and the receiver to improve the voice quality. They depend on ARQ and FEC to
retransmit and recover the lost packets at the receiver end.

3.4.3 Receiver based recovery scheme

In these schemes, when some lost packets are detected, the receiver tries to recover them
without interaction with the sender [58]. They do not need additional processing time or
additional data overhead at the transmitter. These schemes, which rely on producing a re-
placement for a lost packet work for relatively isolated losses and small loss rates (less than
10%) and for short packets (less than 20 ms of voice).

The following describes some techniques, which have been introduced to regenerate the
lost packets or conceal their effects on voice quality at the receiver.

e Splicing: Splicing together the audio on either side of the lost packet can cover the gap
and conceal the loss effect. Gruber and Strawczynski [44] showed that this scheme
generates poor voice quality when the loss rate is more than 3%.

¢ Silence substitution: This method simply inserts silence in place of the lost packet. It
is very easy to implement but the sound has poor quality if the drop rate is higher than
2% [91, 59]. Performance of silence substitution degrades rapidly as packet length
increases (more than 5 ms). Since this scheme does not need much processing time, it
is suitable for an environment where computers do not have much processing power.

¢ Noise insertion: The sender inserts comfort noise information when the speaker is
silent, and the receiver uses this information to generate noise in place of the lost
packet. This method gives better performance than silence substitution [67, 108], but
it is still poor if the drop rate is not very low.

e Packet repetition: This method simply repeats the last arrived packet in place of the lost
packet. This scheme assumes that the speech characteristics do not change much from
packet to packet. As the starting point of the repeated packet usually does not match
the end point of the last packet, this method produces unacceptable sound quality when
the drop rate is higher than 4% [59]. Also this scheme does not work well for long
packets (more than 40 ms).

25



Chapter 3. Woice Over Internet Protocol (VOIP)

e Pattern matching: This method replaces the lost packet with the most identcal
rived packets previously received. This may cause an echo effect when the loss rate
is higher than 6%. The two-sided pattern matching method works on matching both
sides of a lost packet but it needs a shortéo search for the matched packet [59].

e Pitch waveform replication: This scheme generates the main frequency of the last
arrived packet and inserts it in place of the lost packet. A double phase matching
technique helps to match both edges of the substitute packet in order to reduce the
clicking distortion. The packet loss rate tolerable in this method is less than 10% and
this scheme has increased CPU overhead [109].

e Time Scale Modification: Stenger et al. [99, 94] present a scheme that finds overlap-
ping vectors of pitch cycles in both sides of a lost packet and stretches them to cover
the gap. Although this technique regenerates better voice quality compared with pitch
waveform replication, it increases CPU overhead.

Receiver or sender-receiver based schemes which are being used in the current network
have the following problems:

e in the case of having a high packet loss rate, these schemes take rather a long time to
improve the quality of sound, thus compromising the real-time environment,

¢ with a very lossy network, these schemes cannot cope with the lost packet effect and
sound quality is poor. This is particularly so when consecutive packets are lost in the
network.

3.4.4 Network and receiver based recovery scheme

Using traditional networks, the only way to cope with the lost packet problem is to recover
them at the receiver end, or retransmit them. Some coding schemes allow regenerating and
recovering the lost packets within the network as well as at the end point. Executing recovery
programs in the network reduces the total amount of work that needs to be done by end users
and it reduces the overall delay in communication [110]. This strategy is adopted herein
to regenerate the lost voice packets within the network to improve the voice quality at the
receiver.

3.4.5 Packing methods used in the simulations

Many methods are proposed to pack voice packets for VOIP. To compare their regenerated
voice quality with the other available methods’ voice quality, three schemes are chosen.
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e Two methods from the receiver based recovery schemes.

— Silence substitution: It is very easy to implement and it does not need much
processing time [91, 59].

— Packet repetition: As it simply repeats the last arrived packet in place of the lost
packet, it does not need much processing power in the receiver side [59].

¢ A method from the sender based recovery schemes.

— Data dependant FEC: It inserts compressed voice codes of each packet in the next
packet [47, 77, 10]. As an advanced method, a scheme which inserts redundant
low bit rate (6.4 kbps) LPC codes piggy backed on the high quality 64 kbps main
PCM (or 32 kbps ADPCM) codes is used. Although this scheme produces good
voice quality (compared with the other two methods), it increases CPU overhead
(refer to Subsection 10.6.3).

The voice quality of all proposed schemes are compared with these methods’ voice quality
and their specifications are discussed in the conclusion subsection of each chapter.

3.5 Quality of Service (QoS)

By definition, QoS is the capability of a network to provide better traffic service over various
underlying conditions. Service availability, throughput, packet loss rate, delay and jitter are
all important measurements of QoS in a network. The network tries to maximize the first
two items and minimize the rest to improve the quality of its service.

3.5.1 QoS model

Three major models for implementing QoS in packet networks are available.

e Best-Effort service: In this model, an application is allowed to send any amount of data
and there is no QoS guarantee for it except that a best effort to deliver the packets will
be made. In the IP network, which is an example of this model, the network cannot
limit the maximum packet loss rate or delay of an application. item Integrated Service
(IntServ): This model is defined by Internet Engineering Task Force (IETF) group [49].
The IntServ model adopts a per-fldwpproach, which means that each flow is handled
separately at each node. It assumes that network resources (mainly bandwidth) must be
managed in order to meet application requirements (resource reservation). Each flow

IFlow: Packets with the same source and destination address and the same port number.
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can request a specific quality of service and IntServ reserves the requested QoS for the
flow [41]. In this model, the application must be aware of the nature of traffic that it
would put on the network and the network nodes must reserve the required resources
for that application. Two important issues related to IntServ are:

— IntServ as a packet handling mechanism needs to be implemented at every net-
work node, and all network nodes between sender and receiver must support this
protocol in order to benefit the user,

— when a route changes, there must be some mechanism to set up a reservation
along the new route.

¢ Differentiated Service (DiffServ): This model, which is defined by IETF, provides QoS
on a per-aggregate basis. In this scheme, some predefined classes of QoS exist and a
flow is assigned to one of those classes. It is based on a resource allocation function,
which is logically located at the edge of the network. It is easier to implement than
the IntServ scheme and it offers quantified end-to-end QoS guarantees. It uses the
Resource Reservation Protocol (RSVP) when requesting QoS [18].

The last two schemes are concerned with improving QoS on the network by changing its
edge nodes or the whole network. They focus on delay, trying to reduce it in order to improve
the quality of real-time applications. In the case of congestion, they introduce methods to
drop the unimportant packets. For example, they use the enhanced Random Early Detection
(RED) technique, providing a better handling mechanism for drop problems in high traffic
situations [18]. To sum up, these schemes emphasize the reduction of overall delay, but
they do not cope with the drop problem and they cannot compensate for lost packet effects.
Alternatively, it is desired to reduce the packet loss problem by regenerating lost packets in
the network or at the receiver. This does not require a total change in the whole network
and it can be implemented in a few nodes in the current network. As the current network
functions based on the best-effort principle, the first model is adopted herein.

3.6 Protocol

In order to simulate a packet transmission environment, a number of standard protocols are
adopted. Each voice packet is generated by applying a voice-packing scheme on a voice
segment and packing the gained data over the Real-time Transport Protocol / User Datagram
Protocol / Internet Protocol (RTP/UDP/IP) header. To get detailed feedback from the trans-
mission situation (mainly, loss rate), some alterations on protocols are necessary. RTP, UDP,
IP and their alterations are explained in the following subsections.
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Version IHL TOS Total length

Identification Flags Fragment offset

TTL Protocol Header checksum

Source address

Destination address

Data...

Figure 3.3: IP header fields.

3.6.1 Internet Protocol (IP)

The Internet Protocol provides a connectionless datagram transport service across the net-

work, which is considered unreliable. That is because the network cannot guarantee the

packet delivery due to communication errors or network congestion. In other words, IP does
not provide a mechanism for flow control. The size of an IP header varies from 20 to 60 bytes
according to the Internet Header Length (IHL) field. IP datagrams are able to carry messages
shorter than 65535 bytes length. Since the IP option part of the IP header (Subsection 4.8) is
changed, the header structure is introduced briefly. The IP header fields are shown in Figure

3.3.

The fields have the following meaning.

Version: Specifies the IP version of the packet.

Internet Header Length (IHL): Length of datagram header in 32 bit words.

Type Of Service (TOS): Allows different class of service and priority for packets.
Total length: Indicates data plus header length.

Identification: Used for packet fragmentation.

Flags: Used for packet fragmentation and reassembly.

Fragment offset: Used for packet fragmentation.

Time To Live (TTL): Maximum number of hops that one packet is allowed to take.
Protocol: Indicates the higher-level protocol for this packet.

Header checksum: Checksum of the header.
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e Source address: IP address of the packet sender.
e Destination address: IP address of the packet receiver.

e Options: A set of options that may be applied to the packet. The IP option part of the
IP header is used to mark a packet as an active packet. It is explained in Chapter 4.

3.6.2 User Datagram Protocol (UDP)

This connectionless protocol that runs on top of the IP networks provides an unreliable packet
delivery environment. UDP does not guarantee reliable communication and it does not guar-
antee preserving the packet sequence at the receiver side. So the UDP packets can arrive out
of order or not at all. The receiver does not acknowledge the packets; therefore, the sender
does not know whether the transmission was successful. The upper-level application layer
is responsible for detecting transmission errors and having a strategy to provide a reliable
delivery environment.

3.6.3 Real-time Transport Protocol (RTP)

In addition to UDP/IP that provides a connectionless and unreliable environment, a transport
protocol is needed to deliver voice packets from the sender to the receiver. The transport
protocol should have the following facilities.

e Sequencing: In the case of out-of-order packets, the protocol should be able to identify
the packets and help the upper layer to reorder them.

e Lost packet detection: The protocol should help application to detect the lost packets.

¢ Intra-media synchronization: Considering the fact that no data is usually sent during
the silent period in speech, the duration of the silence must be detected and recon-
structed properly at the receiver.

e Feedback on network quality: As inserting redundant data based on the packet loss
pattern in the network is considered, the protocol should report the number of lost
packets and their location (loss pattern) to the sender.

To have the above facilities, Real-time Transport Protocol (RTP) on top of UDP/IP is used,
which provides end-to-end delivery service for data with real time characteristics [31]. RTP
has a 12-byte length header and it has a payload type identifier, which allow the user to spec-
ify the voice-packing scheme (such as PCM, ADPCM, LPC or user defined methods). RTP
header has a sequence number that allows the receiver to reconstruct the sender’s packet
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Time stamp

Synchronization source (SSRC) identifier

Figure 3.4: RTP header fields.

sequence and it helps detect the lost packets. To satisfy the intra-media synchronization
condition, it has a time stamp with witch the receiver can reconstruct the silent part of the
received sequence. Although RTP provides a multicast communication environment, a uni-
cast, single-sender, single-receiver session which is the case for the IP telephony is used.
Figure 3.4 shows the data structure of a RTP header. Note that the optional part of the header
is not shown in the Figure.

The fields have the following meaning.

e \ersion (V): Identifies the version of RTP.
e Padding (P): Enables the user to insert data at the end of RTP.
e Extension (X): Enables the user to have one header extension.

e CSRC Count (CC): Contains the number of contributing source identifiers that follow
the fixed header.

e Marker (M): A profile defined marker.

e Payload Type (PT): Identifies the format of the RTP payload.

e Sequence number: Increments by one for each RTP data packet sent.

e Time stamp: Reflects the sampling instant of the first octet in the RTP data packet.
e SSRC: A randomly chosen number which identifies the synchronization source.

Table 3.5 shows the header fields and their assigned values.

Although RTP provides some packet delivery facilities, it does not guarantee timely de-
livery or other quality of service mechanisms. In order to have minimum overhead, a low
amount of redundant data is needed to improve the voice quality when packets are lost.
Therefore, it is necessary to have a feedback report on network quality at the sender.
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Parameter Value Result
Version 2
Padding 0 No padding at the end of RTP
Extension 0 No extension
CcC 0 No contributing source is needed
Marker 0 No packet marking is needed
Each voice packing scheme uses a
Payload type 81...89 specific number
(unassigned numbersin RFC 1890)

Figure 3.5: RTP assigned value.

Real-time Transport Control Protocol

Besides the RTP, which carries the data, RTCP is used for monitoring the quality of service.
The RTCP as a feedback on the packet loss rate helps the voice-coding schemes to adjust
their parameters and retain an adaptive amount of redundant data. The Bolot algorithm [9]
tries to maintain the loss rate after reconstruction at the receiver. Bolot suggests having
a high and low threshold and adjusting the amount of redundant data based on loss rate
reported by RTCP. As he calculates the percentage of lost packets after reconstruction, the
calculated rate may not be representative under all network conditions and it may lead to an
incorrect amount of redundant data. The USF algorithm [74] uses two additional values that
the receiver sends to the sender. The number of lost packets before and after reconstruction
helps the USF algorithm adjust its parameters. A small alteration in the option part of RTCP
provides the sender with detailed information about the packet loss.

RTCP consists of a fixed header part similar to that of RTP, followed by many structured
elements that vary depending upon the RTCP packet type. RTCP is periodically transmit-
ted to all session participants. Recommended semi-random RTCP intervals depend on some
parameters such as the number of users in a session and transmission bandwidth. Itis recom-
mended that 5% of the session bandwidth should be allocated to the RTCP packets. Alter-
natively, RTCP can be used by reduced interval values, which is 360 divided by the session
bandwidth in kbps [31]. RTCP with an interval varying between 2 and 4 seconds is used to
adjust voice-coding parameters without introducing a heavy load to the Internet. In this way,
RTCP uses very little bandwidth.

As the amount of redundant data is adjusted by feedback on the network quality, RTCP
has a profound effect on voice quality herein. Figure 3.6 shows the data structure of a RTCP
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Figure 3.6: RTCP header fields.

packet. The optional parts are not shown in the Figure.
The fields have the following meaning.

e \ersion (V): Identifies the version of RTCP (same as RTP version).

e Padding (P): Ifitis set, the RTCP packet contains some additional padding data at the
end of RTCP.

e Reception report Counter (RC): Number of reception report blocks in this packet.
e Packet Type (PT): Identifies the type of RTCP packet.

e Length: Length of RTCP packet in 32 bit words.

e SSRC: SSRC from the sender.

e Fraction lost: The number of lost RTP data packets since the previous RTCP packet
was sent, divided by the number of expected packets. If the loss is negative due to
duplicates, the fraction lost is set to zero.

e Cumulative number of packets lost: The total number of RTP data packets that have
been lost since the beginning of reception. The late arrival packets are not considered
lost and the cumulative lost may be negative if there are duplicates.

Table 3.7 shows the RTCP header fields with their assigned values.
RTCP does not provide any detailed information about the packet loss pattern, therefore,
it has been decided to add some data at the end of the RTCP packet.
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Parameter Vaue Result
Version 2 Same asRTP
. Four bytes are added at the end of
Padding 1 RTCP
RC 0 No reception blocks
PT 200 Constant number

Figure 3.7: RTCP assigned value.

Patch on RTCP

In order to have detailed statistical information about the loss pattern, the padding (P) bit
in the RTCP header is set and four bytes at the end of the RTCP packets are added. One
byte reports the number of individual lost packets, and two other bytes report the number of
two and three consecutive lost packets. The fourth byte must be set to 1 in order to indicate
the added data size in 32 bits. Using these three bytes and having the total number of lost
packets (fraction lost), it is possible to adjust the transmitted data rate (change the amount
of redundant data and voice-coding strategy) to cope with different loss patterns. Figure
3.8 shows the used RTCP packet. Voice-coding schemes dynamically adjust their coding
parameters based on loss pattern and rate reported by RTCP. [17] mentions a method to
classify the observed loss pattern to two computed loss rates; the current loss rate, which
indicates a short-term condition and smoothed loss rate, which reflects a long-term trend.
Using almost the same strategy, the written program for the simulation computes the loss
rate at each moment, and the sender routine adjusts the amount of redundant data for each
packet.

3.6.4 RTP/UDP/IP

To send voice packets, IP for routing packets and device-to-device communication, UDP to
provide an end-to-end datagram service and RTP to provide end-to-end delivery services are
used. To pack a voice packet, voice payload is time-stamped using RTP that introduces a
12-byte header. The resulting segment is carried by a UDP datagram which further adds an
8-byte header. Finally, when encapsulated into an IP datagram, a 20-byte IP header is added.
Figure 3.9 shows the structure of a VOIP packet.

Although Marzegalli et al. [63] proposed a method to compress the header part of VOIP
packets , the whole header for the simulations is used.
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Figure 3.8: Proposed RTCP patch.
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IP UDP RTP [ Voice samples (payload)

Figure 3.9: VOIP packet structure.

3.6.5 Other protocols for VOIP

ITU-T recommends using the H.323 standard to provide technical service for voice commu-
nication over networks, assuming that no quality of service is being provided by the networks
[68]. Session Initiation Protocol (SIP) is an application level protocol for voice or multime-
dia session establishment on the Internet.

Both H.323 and SIP that are suitable to be used over TCP/IP networks are used to estab-
lish, talk and disconnect a call.

3.7 Summary

Loss of different parts of speech has a different impact on perceptual voice quality and this
fact is taken into consideration in many of the voice-packing schemes. Among applicable
methods to cope with packet loss problems, the network and receiver based recovery scheme
is used. The proposed RTP/UDP/IP based packing methods work, based on the lost packet
recovery within the network and at the receiver. The schemes adjust their coding parameters
based on the loss pattern reported by the RTCP packets. In order to judge the voice quality,
an audience is asked to compare the quality of different voice samples.
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Chapter 4

Active node

This Chapter presents the passive and active network specifications, followed by active node
structures and their characteristics. The application of the active nodes, their hardware and
software, are explained in detail. Three mathematical analyses concerning the role of the
active node in improving the quality of received sound in VOIP, are presented. At the end of
this Chapter, a simulation environment and the procedure for implementing an active node,
is stated.
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4.1 Reasons to use active networks

Today’s Internet, as a packet-switched network, offers a very simple QoS scheme. It func-
tions on thebest-efforfprinciple but does not guarantee a reliable transmission environment,
nor does it guarantee a limit to the maximum packet drop rate and delay, which is needed
for real time applications. The traditional networks are only responsible for routing packets
and they cannot help users cope with some network related problems such as packet loss. In
the case of VOIP, some voice packets may be discarded in the network and consequently, the
received voice will have poor quality. Some high level protocols including TCP, which work
based on retransmission, help users overcome the loss problem. In the case of a real time
application, such protocols cannot be used because they increase the overall delay. Instead
of wasting time retransmitting lost packets in the traditional network, some of them can be
regenerated in active nodes within the network. In active networks, when an active node
receives an active packet, the node has to execute the packet program code, or a pre-stored
routine in the node’s structure. Therefore, in some applications, the effect of lost packets can
be compensated within the network in some nodes [13].

4.2 Active and passive networks

Network technology provides a way to transmit data packets from a data source to a desti-
nation using network nodes. Network nodes obey special rules, called protocols, to treat and
route packets. In traditional network nodes, packet processing is limited to routing, schedul-
ing, queueing and packet forwarding which is called header processing. In other words,
packet processing is limited up to the network layer related to the OSI model. In these
networks, each node receives and stores a packet, analyzes the packet’s destination address
and transmits the packet to another node. This process happens repeatedly until the packet
reaches its destination. Such nodes are only responsible for communication. These sorts of
networks can be modelled atore-forwardnetworks, because nodes store packets and for-
ward them on to their destination [22]. Figure 4.1 shows a typical structure of a traditional
network node.

In the traditional networks, packets are passive containers carrying data, and their payload
is just a sequence of bits. The data of a packet is only meaningful to the application layer
at the end nodes. These traditional networks suffer from some limitations and boundaries.
Such restrictions are due to the networks’ structures and protocols. Although some limitation
mechanisms have beneficial influences on networks, such as immunization against viruses,
other restrictions highlight the weak points in the total network’s performance. For example,
changing the nodes protocol or developing a new routing algorithm is difficult and requires
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Figure 4.1: Node structure in traditional network.
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Figure 4.2: Node structure in active network.

plenty of time. Furthermore, nodes are not able to execute a program on a packet, so the
packet's data is not changeable when the packet passes through the network. Moreover,
traditional network nodes cannot help users cope with some network related problems.

The active networks concept was introduced to overcome these limitations. The main
idea of active networks is enabling network nodes to perform computation on the data of
specific packets. In these types of networks, each packet can be treated as a program-data
packet, called aactive packe{30]. Each active packet may carry program codes that can
be executed along the network. In addition, a packet may have data, which can be processed
within a node when the packet is passing through the network nodes. Each active node
has an execution environment besides its communication environment. These networks can
be modelled astore-compute-forwardietworks, because nodes receive and store packets,
execute their codes and forward them on to their destination [22]. Although the main reason
for active networks is communication not computation, they are designed to execute some
programs on active packets [14].

Figure 4.2 shows a basic structure of an active node. The packet classifier routes active
packets to the execution section and it leaves the other packets to pass on the traditional path.
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Figure 4.3: Traditional network packet recovery point.

From the OSI model viewpoint, an active node can be considered as an intermediate
user which has access up to the application layer of the model. Data processing within the
network reduces the total amount of work that needs to be done by an application layer at
the end node [110].

Active packet program codes can be divided into three categories. In the first category,
the program codes can change a node’s behaviour such as the node’s operating system or its
routing algorithm. In this case, nodes can be programmable by downloading new software
using active packets [32]. In the second category, the program codes can contain some
application programs that must be executed on the data of the packet. In this case, a packet’s
codes have influence on the current packet. In the third category, the packet program codes
can download a program into node structure that can be executed on special packets, which
may arrive in the future.

4.3 Active node and lost packets

Active nodes have the ability of executing a program on a packet in the network. In such
cases, nodes can help specific applications to cope with network related problems such as
packet loss. Each network node can be modelled as a node that applies delay between re-
ceiving and transmitting a packet or a node that can drop some packets. Although not all lost
packets are dropped in the nodes and some of them are dropped in the transmission lines, it
is possible to summarize all drops in network nodes. Figure 4.3 shows a simple node model
in the traditional network and it shows that the receiver is the only section that is responsible
for packet recovery in a session.

Plainly, all effects of the dropped packets must be compensated at the end point. Taking
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Figure 4.4: Active network packet recovery points.

advantage of active networks, users are able to execute a lost packet recovery routine in the
active nodes to have better voice quality at the receiver. Figure 4.4 shows a simplified model
of the active nodes in an active network.

It can be seen that the lost packet recovery points are distributed in the active networks.
Theexecution sectionf each active node can execute a lost packet recovery routine; there-
fore, the receiver will have better voice quality. The recovery routine uses packets adjacent to
a dropped packet to regenerate the lost packet and then it sends the recovered packet toward
the receiver. The main idea of using active nodes to regenerate the lost packets is shown in
Figure 4.5 (which is applicable to the DADPCM5 method).

The Figure represents the voice source which generates five packets and sends them to-
ward the receiver. Packet numbers two and four are dropped in the first lossy network en-
vironment and the active node recovers them using their adjacent packets. Having the re-
covered packets, the receiver can recover the third packet, which is dropped in the second
lossy network environment. As a result, the regenerated voice will have good quality at the
destination. Detecting a lost packet, the active node delays the received packet until the lost
packet has been reconstructed to avoid reordering.

4.4 Active path

The Internet as a packet-switch based environment does not setup a whole path from the
voice source to its destination to transfer voice packets. Packets may pass through different
paths to get to the destination, so it is difficult to keep track of all packets during a conversa-
tion. In order to benefit from active nodes to regenerate the lost voice packets, it is necessary
to have a unique path between the sender and the receiver.adtnat pathshould have
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Figure 4.5: Lost packet recovery by an active node.

active nodes and each node should have a specific packet recovery program. If a fixed path
from the voice source to its destination is not possible, it is necessary to ensure a path that
enables packets to pass through some specific active nodes in the network. Using Virtual
Private Network (VPN) concept, one can reserve a whole path from the voice sender to its

receiver, in order to have a virtual circuit switching system [20].

4.4.1 Virtual Private Network (VPN)

A VPN which has an active nodes in its pathway is used for the simulations. VPN estab-
lishes a private data network over a non-private network to transfer its packets. It creates a
tunnel between two endpoints to send packets via the Internet. The tunnelling is a method
of using a network infrastructure to send a packet from one network over another network.
The tunnelling method encapsulates a frame in an additional header, which provides routing
information in an intermediate network. The new packet is sent to the tunnel endpoint over
the inter network. When the packet arrives at the tunnel endpoint, it is un-encapsulated and
sent to its destination.

An active node is chosen as a tunnel endpoint, which de-encapsulates the packets on
arrival, processes their data and sends them to their destination. Despite the fact that the
data encryption is one of the most important concepts behind VPN, the voice packets are not
encrypted for the simulations. This type of tunnelling that is called IP over IP technique,
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Figure 4.7: Virtual Active Path structure.

encapsulates IP packets in an additional IP header before sending them across an IP inter
network [97]. In IP over IP technique, an outer header is added before the main IP header.
The outer header identifies the source and destination of the tunnel and the main header
identifies the original sender and recipient of the datagram [98].

Figure 4.6 shows the packet structure for IP over IP technique.

4.4.2 Virtual Active Path (VAP)

Using the tunnelling and the VPN concept, a Virtual Active Path (VAP) between voice source
and its destination is used. The topology of VAP is shown in Figure 4.7. The first packet-
switched network transfers voice packets to the semi circuit-switched network, which has an
active node in its structure.

The active node has the lost packet regeneration algorithm in its structure. It recovers the
lost packets and sends them to the voice destination via another packet-switched network.

4.5 Active Packet

Packets in the traditional networks, called passive packets, need only to carry their data,
source and destination addresses. Thus, there is no routing information included in the pas-
sive packets. In contrast, in the active networks, the active packets have a more complicated
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structure. Like the passive ones, they carry their data, source and destination addresses.
Moreover, they have to carry path, node and protocol dependant information, which adds
overhead to them. Active packets can be classified in three categories.

e Packets with program code: These packets carry codes to change the kernel software of
a node. Using these packets, active nodes can change their software, such as a routing
algorithm or Operating System, by downloading new software, packet by packet.

e Packets with program code and data: These packets have a program code that must
be executed on the data of that packet. They carry the code that influences the data
received by the current packet. Therefore, the code changes the behaviour of only
the node seen by this packet. Active nodes dedicate a temporary memory to hold and
execute the program. The nodes retake that memory after the program has finished its
task. This method is useful when the program is short.

e Packets with data and a program pointer: These packets have a pointer to the function
of a pre-stored program on the node structure, which must be executed on the data of
the packet.

The third category is used for the simulations and its packet structure is explained in
Subsection 4.6.6. To help the active node distinguish between active and passive packets, a
modification in the IP option part of the IP header is necessary [111]. Figure 4.8 demonstrates
the IP header structure for this purpose.

Two parts in the IP option section of the IP header are assigned. The Type part is marked
with a specific code, which helps nodes (active or passive) distinguish between active and
passive packets. The passive nodes ignore the option part and forward the packet to the next
node. Active nodes can detect that code and treat the received packet as an active packet.
The second part is a program identifier that calls up the recovery program in the active node
structure.

44



4.6 Active node problems

Recently, researchers have been showing significant interest in the active node structure
[38, 35, 36]. Most works try to cope with the fundamental problems related to general-
purpose active nodes that must execute unknown packet programs. They address the re-
source allocation, security and other problems related to executing unpredictable programs
carried by active packets. A specific application of active nodes is adopted herein which is
related to VOIP and it uses a well known, fully tested and pre-stored program in the node
structure. Therefore, this Chapter provides detailed information about the above-mentioned
application.

4.6.1 Active node in VOIP

From an active packet point of view, hodes can be categorized into two groups.

e Nodes without an application program: In this kind of node, it is the packet’s respon-
sibility to carry its own program code as well as its own data.

e Nodes with an application program: Many pre-installed programs exist on the node
structure and each active packet carries an identifier of one of those programs. The
identifier is a short lengtipointer to function which calls up the voice lost-packet
recovery routine that must be executed on the data of the packet. The program runs
in the shell environment of the node structure and the node deletes the temporary
environment of that program when the task is finished.

As the voice-packet-regeneration code is quite a long program, the last method is used for
the simulations.

4.6.2 Node security

Having programmability in the packet level raises security problems in the node structure.
Active nodes must be made safe and secure from a packet’s malicious program, and active
packets must be immunized against other packets’ unauthorized access. In addition, an active
packet may ask to create another active packet. This process may happen repeatedly, causing
an increasing number of packets across the whole network [95]. To call up a tested routine
which is a pre-stored routine in the node’s structure is recommended. Therefore, security is
not a serious issue for the simulations.
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Figure 4.9: Active node software structure.

4.6.3 Node structure

Active nodes are responsible for providing an executing environment for active packets and
for helping them to perform their related tasks. A typical active node structure is shown in
Figure 4.9.

Each active packet may have some Active Applications (AA) and data. It must be noted
that an active packet may have more than one active application. Each active voice packet
has an active application, which is called up bganter to function carried by the active
packet. Each active node runs a Node Operating System (NodeOS) and one or more Execu-
tion Environments (EE). The execution environment, which is responsible for providing an
interface between AA and NodeOS, operates as a 'shell’ in ordinary computer systems [14]
and it provides a framework for the activity that arises from incoming events/packets. Each
EE implements a virtual machine that interprets active packets, arriving at a node. Further-
more, an EE isolates a packet’s executing environment from other types of program running
circumferences that may be concurrently executing in the node. Every AA must be assigned
to an EE in order to be executed.

As soon as an active packet arrives at an active node, the node creates an execution en-
vironment for the packet. The created EE provides certain available resources, which are
necessary for that application. The NodeOS is the most important part of an executive sec-
tion and it is responsible for allocating, scheduling and managing the system resources (CPU
cycles, memory, link bandwidth etc.). Besides that, it prepares a set of interfaces allowing
EE’s to access and use those resources. The NodeOS should allocate and resorb the node’s
facilities to each EE and it should prevent a malfunctioning EE to waste all of the node’s
resources [14]. In the lower row of the Figure, the node hardware is outlined. This includes
a processor, memory, storage module, network adaptor as well as other equipment.
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4.6.4 Node resource reservation

The driving motivation behind active networking, is to provide a framework that facilitates
the execution of a program at the active nodes. In order to execute the program codes, an
active node must provide a good environment, namely, one which provides processing power
for each active packet. Processing power involves processor time, memory, I/O units, storage
and other node facilities [36]. The two main factors are CPU and memory reservations as
shown in the following subsections.

e CPU reservation: The lost packet regeneration routine of each method needs a specific
time to recover the lost packets. This time varies from node to node because of the
nodes’ structure. Goltier et al. classified the sources of time variability related to the
node hardware as the following [35]:

— Frequency of the processor,

— Architecture of the processor,

— Amount of system memory,

— Speed of buses,

— Technology of the persistent storage, and

— Type of network card.

Apart from these parameters, the amount and type of processor cache is another factor
which influences the processing time. In regard to software, Galtier and his colleagues
paid attention to the node’s software structure and the implementation of its operating
system. Based on some practical experiments, they concluded that even on a specific
machine, identical NodeOS system calls could require different CPU time [35, 36]. To
sum up, itis not easy to designate a constant time for recovering the lost packets within
different active nodes over the whole network. For the sake of simplicity, reservation
in this instance is explained for a specific node. The lost packet regeneration routine
needs an execution time that is contained between two constant times.

— Lower limit: The minimum time is required when there are no lost packets. The
node needs this time to check the packets’ sequence and to detect whether the
packets have all arrived.

— Higher limit: In the worst case, this time is required for the node to regenerate all

the lost packets using the previously arrived packets.

For example, in the simulation study conducted with Pentium IV and 512 Mbyte RAM,
the worst case for CADPCM lasts 2(0@ec and the interval between two successive
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Figure 4.10: Calibrator packet structure.

packets is 20 ms. Therefore, it is necessary to reserveu260 out of each 20 ms
period to recover those packets. As discussed earlier, this processing time varies from
node to node, so it is suggested to send a test packet containing a specific routine
to each node so that it can measure its execution time. The Calibrator Packet (CP)
contains a program code that simulates the worst case packet recovery for a specific
algorithm. For example, the calibrator packet for DADPCMD5 contains the code for re-
generating three packets from two non-consecutive packets, which would be the worst
case for DADPCMS5 in a very lossy network environment. Figure 4.10 shows the pro-
posed calibrator packet structure.

CP contains a lost packet regenerator simulator program which acts as the real recovery
program. It simulates the sequence of regenerating three lost packets from the two
accessible packets included in the CP structure. When the calibrator packet is executed
on the node, the time-manager block measures the execution time of the routine. It can
measure both low and high limits of the packet recovery time and it reports those
limits by generating and sending a report packet. Therefore, the network manager can
reserve an appropriate time for that algorithm.

Memory reservation: The required memory for each recovery algorithm can be divided
into four groups.

— Permanent code memory: Part of an active node’s main storage is used to store
the program code of the lost packet detection and regeneration routine. It needs
few kilobytes of memory.

— Temporary code memory: Each arrived voice packet calls up the recovery rou-
tine. The routine needs a few kilobytes of memory to be executed and that mem-
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ory can be freed when the recovery routine is finished.

— Permanent status memory: Each active node needs to keep track of all voice
packets related to a session, so an active node needs a few bytes of RAM to
maintain the status of the voice packets and their sequences. In addition, a node
needs a few bytes of RAM to save the status of each voice packet series.

— Permanent data memory: In the case where a packet is lost, active nodes are ex-
pected to regenerate the lost packet using relevant data received by the adjacent
packets. Therefore, the nodes need to have some data memory to save the pack-
ets. This memory is limited to one packet length for DADPCM, DFCPM and
DPCM and is limited to a maximum of four packets for DADPCMS5.

4.6.5 Node software specifications

Active nodes limit all the resources offered to an active application. The nodes strategi-
cally define a framework within which the active application must work. The limitations are
applied for the following reasons.

e Protection: For security reasons, the active node may apply restrictions on some of its
vital resources and programs.

e Avoiding over-consumption of resources: An active application that over-uses the
node’s capability causes starvation of other AAs. Nodes may apply restrictions on
the following issues:

— CPU time,
— Memory, and
— Bandwidth (An active application might generate many packets and wish to send

them to other nodes which could increase the network load).

Apart from meeting the node reservation limitation, it is suggested that software which is
written for active nodes should obey the following rules.

e Portability: The program code must be written in such a way that it can be executed
in any active node. This means that it has to be independent of the node hardware and
software structure, and that it must not require a special environment to be executed.

e Security: It must be secure from other programs and viruses that may want to change
it.

e Robustness: The program code must be completely robust and reliable so that no active
packet can force it to undertake unpredictable tasks.
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e Release: The program must not use resources that cannot be freed after finishing the
task. There should not be any program or part of a program still running after the
packet has left the execution section. For example, it seems that there must not be
anytimerin a node’s software structure. As timers measure time between two events,
they take resources of nodes (mainly, CPU time) and use them for a considerable time.
Apart from the above mentioned reasons, it is avoided to use timers because the arrival
time of a subsequent packet is not predictable. This is because the previous network
might be a packet-switched one, and so might not be able to guarantee the timely
delivery of the packets.

Although active nodes are responsible for providing an execution environment for active
packets by allocating resources to them, they are also responsible for resorption of the pro-
gram execution facilities in order to dedicate them to other packets. Otherwise, networks
suffer from over-consumption of resources [35].

4.6.6 Node software structure for voice packet recovery

A lost packet regeneration program is installed in the node’s structure. Voice packets that
have apointer-to-functionfor that purpose, call thipre-storedprogram. The program is
written on an event-driven basis and it works onsheteof a voice flow and its inpugvents

As each packet is aeventfor each node, it is possible to call up that program as a packet-
driven software. This software is based on ITU-T recommendation Z100, Specification and
Description Language (SDL). From the active node point of view, every voice series stays in
astate In each state the software receives an event and calls up a function, which performs
the tasks related to that state and that particular event. Then there is a change of state and
software awaits the arrival of the next event (packet). The software expects to receive all
possible events related to that specific state. Figure 4.11 shows possible states, events, and
action symbols in each branch of SDL.

1 2 G2-F0
|

a. State b. Arrived c. Transmitted d. Internal
event event task

Figure 4.11: SDL symbols.

Figure 4.11.a shows an IDLE state and Figure 4.11.b shows an incoming event, an arrived
packet. The symbol shows that packet number one has arrived. The symbol in Figure 4.11.c
shows the sending of packet number two to the next node. The last symbol is used when the
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Figure 4.12: SDL x241n of DADPCMS5.

program needs to perform an internal task such as generating packet number two from packet
number zero. For this structure, the software related to all states and events was written and
the whole program was installed in an active nodet#e-eventable, which holds all states

as rows and all possible events as columns, was generated. Each cell of the table that presents
a particular event in a specific state has a pointer-to-function point to a branch of SDL. All
that the node requires is the state of the voice flow, and the type of event (packet) arrival to
find the pointer and call the function. The function completes the tasks of the application and
then there is a change of state and software awaits the next packet. The procedure of calling
a SDL branch related to the DADPCM5 coding scheme is explained briefly. Suppose that
the voice flow is inz241n state and a packet has arrived at the active node. The SDL for this
state is shown in Figure 4.12.

A voice flow in stater241n may receive packets numbers 0 and 3 from the current voice
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Figure 4.13: State-event table of DADPCMS5.

series and all packets from the next voice series. Therefore, it must have an Event Processor
Logic (EPL) for each event. The state-event table for this software is shown in Table 4.13.

For example, when packet 3 arrives at this stage, the active node indexex thestate
and3_C eventin the table and finds a pointer to #& L _x241n_3c function. The node calls
the function and executes it. THeP L_x241n_3c¢ function is:

void epl_x:241n_3¢ (void)

{
save_received_packet();
mark_saved_packet(3);
generate_lost_packet_from(1,4);
name_regenerated,acket(0);
send_packet(0);
send_packet(3);
delete_all_memory();
change_state(IDLE);

As can be seen, the PL_x241n_3c function processes the packet and then changes the
state toIDLE. The next arrived packet (event) will find the flow in the IDLE state and the
node will find another EPL for that event.
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Figure 4.14: Network topology for mathematical analysis.
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Figure 4.15: Gilbert loss model for nodes TN1 and TN2.

4.7 Role of active node

Active nodes play a simple but significant role in improving the voice quality herein when
the communication link suffers from heavy packet loss problems. To analyze their role, the
following simple topology of the network is presented.

The voice sender (VS) packs and sends packets to the voice destination (VD) node via
a path that has an active node (AN) in its structure. There are two traditional nodes named
TN1 and TN2 that drop packets in the Gilbert model.

In this drop model, each traditional node has two states, &tate) represents the state of
transferring a packet successfully and stdte- 1 represents the state of dropping a packet.
The Gilbert probability formulae in Subsection 2.2.3 are used in all analysis.

To analyze the role of an active node in regenerating lost packets, one should pay atten-
tion to the voice coding schemes. The proposed schemes can easily regenerate individual
lost packets using other arrived packets. Thus, in Figure 4.14, if the receiver envisages some
nonconsecutive lost packets, no matter whether the active node is there or not, it can easily
recover the lost packets and produce good voice quality. Therefore, it is desired to discover
the probability of having two or more consecutive lost packets at the receiver. To investigate
the improvement of voice quality by active nodes, many analyses were done. The first anal-
ysis is valid when the regenerated packets are 100% identical to the lost packets (when the
redundant data can regenerate perfect packets and insert them in place of the lost packets).
Other analyses investigated more general situations.
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4.8 First analysis

For the sake of simplicity, the first part of this analysis is written for two consecutive losses
and a generat consecutive lost packet situation is stated in the next part.

4.8.1 Two consecutive losses

In the following subsections the probability of having two consecutive lost packets when the
active node is operative (on) and when it is not operative (off) is calculated and it is shown
that when the active node generates lost packets, the probability is much lower than when
the node is not operative.

Active node is off

In this situation, the active node acts as an ordinary node, transferring all arrived packets
to the receiver (all drops before TN2 are assumed to happen in TN1 and the active node is
considered loss-free, passing all packets to the receiver).

The probability of having two consecutive lost packets at the receiver can be calculated
by adding:

¢ the probability of losing two consecutive packets in TN1 when TN2 passes all packets,
¢ the probability of losing one packet in TN1 and one packet in TN2, and

¢ the probability of losing two consecutive packets in TN2 when TN1 passes all packets

as
q1 q2
Py = m(l—aq)q L —pa) +
1 P11+ ¢ 1 1) 1P2+Q2( 2)
q1
b1 q D2 q2 +
P11+ ¢ ' 1P2+Q2 2
q1
I—p P2 (1 —q2) qo. 4.1)
p1+¢]1( 1)p2+Q2 ( )

Active node is on

In this case, and according to the voice-packing scheme, the active node generates one lost
packet out of each series of consecutive losses. Therefore, the probability of having two
consecutive lost packets at the receiver can be calculated by adding:

o the probability of losing three consecutive packets in TN1 when TN2 passes all pack-
ets,
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¢ the probability of losing two consecutive packets in TN1 and losing one packet in
TN2 (In this particular case, TN2 may lose a packet before, after or containing the
regenerated packet by TN1. Assuming that the regenerated packet is 100% identical
to the lost packet, all of these cases provide the same result), and

¢ the probability of losing two consecutive packets in TN2 when TN1 passes all packets.

In the last item, TN1 can lose a packet and active node can regenerate it. For the sake of
simplicity, this situation is not considered in

q1 2 q2 2
Py = p(l—q)q L —p2)” +
P11+ ¢ 1 ) 1p2+Q2( 2)
q1
m(l—aq)q P2q2 +
P11+ ¢ 1 1) 1]92‘1‘(]2 2
q1 2 qs
1—p P2 (1 —q2) g2 4.2
p1+q1( 1) P2+ @2 2 ( 2) (4.2)

which obviously does not make much difference. Comparing both formulae it can be seen
that:

e the first term of (4.2) is equal to the first term of (4.1) multiplied(by- ¢1) (1 — p),
e the second term of (4.2) is equal to the second term of (4.1) multipliéd by}, ), and
e the last term of (4.2) is equal to the last term of (4.1) multiplied by- p,).

As (1—q), (1—py) and(1—p,) have small values (obviously, less than one), the probability

of having two consecutive lost packets when the active node is operative is much less than
when the active node is inoperative. Therefore, the regenerated voice will have much better
guality when the active node is operative.

4.8.2 n consecutive losses

To investigate the degree of voice quality improvement by active node, the general form of
havingn consecutive lost packets at the receiver is considered.

Active node is off

The probability of having: consecutive lost packets can be calculated by adding:

¢ the probability of losing: consecutive packets in TN1 when TN2 passes all packets,
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¢ the probability of losing: — 1 consecutive packets in TN1 when TN2 loses one packet,

the probability of losing: — 2 consecutive packets in TN1 when TN2 loses two con-

secutive packets,

the probability of losing one packetin TN1 when TN2 loges1 consecutive packets,
and

the probability of having TN1 as a loss-free node when TN2 lasesnsecutive pack-

ets
as
q1 n_1 q2 n—1
Py = m(l—gq q I-p +
1 1+ ¢ 1 1) 1P2+Q2( 2)
q q n—2
1 2 i n—2—3 n—i—2 i
E 1-— 1-— 1-— 1-—

"+ P1q1 Pt @ D2 G2 io( Ch) ( C]2) ( p1) ( PQ)
i (1—p)™ ! & p2(1—q)" " g (4.3)

P11+ ¢ P2+ @2

Active node is on

Since the active node generates one lost packet out of each series of consecutive losses, the
probability of havingn consecutive lost packets at the receiver can be calculated by adding:

¢ the probability of losing:+1 consecutive packets in TN1 when TN2 passes all packets,
e the probability of losing: consecutive packets in TN1 when TN2 loses one packet,
e ...,and

¢ the probability of having TN1 as a loss-free node when TN2 lass@nsecutive pack-

ets
as
P,, = pf-tch p1(1—q)" @ pz?i - (1—p2)" +
i i S j L 2(1 —q)"" (1= q)" P (L —p)" (1= po)™!
P - (=) pg?ti P2 (1= )" " g (4.4)

Again by comparing both formulae it can be seen that:
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e the first two terms of (4.4) are equal to the first two terms of (4.3) multipliedilby
¢1) (1 — p2), and

e the last term of (4.4) is equal to the last term of (4.3) multiplied by- p,).

To sum up, the formulae prove that when the active node is operative, the probability of
havingn consecutive lost packets is much less than when the active node is not operative.
The voice quality degrades drastically with consecutive lost packets and active nodes can
reduce the probability of having such lost packets in the network, thus improving the voice
quality. Therefore, It is considered that an operative active node improves the quality of
regenerated sound.

4.9 Second analysis

As mentioned in the first analysis, the proposed coding schemes help the receiver overcome
all individual lost packets (whether the active node is operative or not). To investigate the role
of an active node, this analysis calculates the probability of having consecutive lost packets
which cannot be covered by most coding schemes. For the sake of simplicity, the first part is
dedicated to finding the probability of having two consecutive lost packets and a general
consecutive lost packets situation is considered in the next part. In the following subsections,
symbolV/, stands for thex'" voice packet, which has arrived properly, symiaindicates a
regenerated packet aid represents the consecutive lost packets.

4.9.1 Two consecutive losses

This Subsection tries to find the possibility of haviny .V pattern at the output stage of

the receiver in Figure 4.14. The pattern symbolizes two consecutive lost packets in which
one of them has been regenerated (either in active node or at the receiver). The possibility is
considered in two situations depending on the status of the active node.

Active node is off

All possible situations that lead to such a packet pattern at the end stage are listed as follow.

e Losing two consecutive packets in TN1 when TN2 passes all padket@V,. ; are
lostin TN1).

e Losing one packetin TN1 and another packet in TN2 which has two possibilities.
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— V,islostin TN1 andV, is lost in TN2.
— V,islostin TN1 andV/,_; is lost in TN2.

e Losing two consecutive packets in TN2 when TN1 passes all padket@V,.., are
lost in TN2).

Active node is on

In this case, the active node generates one lost packet and inserts it in the network. All
possible situations that generate th& L1 pattern at the output stage are:

¢ losing two consecutive packets in TN1 when TN2 passes all packeen@dV,.., are
lostin TN1),

¢ losing one packet in TN1 and another packet in TN2i§ lostin TN1 and/,_, is lost
in TN2), and

¢ losing two consecutive packets in TN2 when TN1 passes all packeen@dV,.., are
lost in TN2).

As the worst case, the second term has only one possible situation because the other case
(Vi islostin TN1 andV,.., is lost in TN2) leads to another packet pattevihi{RV') which

is much better than the desirédR LV pattern. Adding those four possibilities when the
active node is off, and adding these three possibilities when the active node is on, leads to
the conclusion that: The possibility of havilgR LV pattern at the output stage is less when

the active node is on, compared to when the node is off.

4.9.2 n consecutive losses

In this Subsection, the probability of havinglaRL"V pattern, that is, the probability of
havingn consecutive lost packets and one regenerated packet, is calculated.

Active node is off
All possible situations that produce such a packet pattern are listed as follow.

e Losingn + 1 consecutive packets in TN2 when TN1 passes all packgts.( V,i,11
are lost in TN2).

e Losing n consecutive packets in TN2 when TN1 drops one packet, which has two
possibilities.
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— V,islostin TN1 andV,_; ... V,_, are lostin TN2.

— V,islostin TN1andV, ., ... V.., are lostin TN2.

e Losingn — 1 consecutive packets in TN2 when TN1 drops two consecutive packets
(two possibilities).

- Vi, VerparelostinTN1and/, ; ... V,_,; arelostin TN2.

- Vi, Verparelostin TN1and/,,, ... V,, arelostin TN2.

e Losingn + 1 consecutive packets in TN1 when TN2 passes all packgts.( V,in.1
are lostin TN1).

if X™ represents the probability of losimgconsecutive packets in TN1 abd represents
the probability of losing: consecutive packets in TN2, the total probability is given by

Py = X0yt 4 xtyr ¢ X2yt o4 0 4+ XmHYO (4.5)

Suppose thak, ;, represents the probability of losing packets numberd in TN1 and@,
represents the probability of losing packets numbéo b in TN2. Based on the fact that

TN2 loses packets which are located either before or after the lost packets (caused by TN1),
the X! Y™ consists of

Xl Y" = Px,x Qa:—n,:c—l + Px,;r Q;L’+1,a:+n' (46)

What is mentioned foX'! Y is applicable for all otheX® Y except whem or b are zero.
Therefore, the total probability is given by

n

Pors = XOyn+l 4 Z Pravic1 Qeonti-1a-1 + Z Provio1 Quyioin + Y0
=1 i=1
4.7

Active node is on

In this situation, the following possible cases produce the desired packet pattern.

e Losingn + 1 consecutive packets in TN2 when TN1 passes all packgts.( V.1
are lost in TN2).

e Losingn consecutive packets in TN2 when TN1 drops one padKketqlost in TN1
andV,_, ... V,_, are lostin TN2.
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e Losingn — 1 consecutive packets in TN2 when TN1 drops two consecutive packets
(Vy, Vpyq arelostin TNl and/,_; ... V,_,_; arelostin TN2).

e Losingn + 1 consecutive packets in TN1 when TN2 passes all packéts.( V. ,11
are lost in TN1).

The probability of having such a pattern at the output is given by

P = X"Y"™ + Y Prorict Quonvicra + X"HYC (4.8)

=1
When the active node is operative the probability of having this pattern is less than the
probability when the node is off because (4.8) does not have the second term of summation
in (4.7). Therefore, the active node reduces the probability of that pattern and it can be
concluded that the active node can improve the voice quality at the receiver.

4.10 Third analysis

In contrast with the previous analysis, this one attempts to assess voice quality when packets
are dropped in the network. Using the packet notation from the previous andly$ws (
voice, R for regenerated and for lost packets) and considering Figure 4.14 as the topology

of the network, this analysis compares the number of consecutive lost packets at the output
stage when the active node is on and when it is off. Suppose that the sender transmits
an infinite number of voice packets and TN1 and TN2 lesandm consecutive packets
respectively.

Active node is off

Losingn consecutive packets in TN1, the packet pattern at the input point of the active node
will be VL™V and as the active node is off, the output of the active node will have the same
pattern. Losingn consecutive packets in TN2 causes the receiver to WaveL"V packet
pattern at its input point and as the receiver generates one packet, the output voice will be
generated fron¥ RL™"*™~1V/ pattern ¢» andn are bigger than zero).

Active node is on

The input point of the active node has tié"V" pattern and as the active node is operative, it
regenerates one packet and the pattern at the output of the active nodeWultllie 1. At
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Table 4.1: Possible packet patterns in the test network

Location AN is off AN is on

Sender Vv Vv Vv

AN input VL™V VL™V VL™V
AN output VLV VRL™" 'V VRL"V
Rec. input VL"L™"V VL™RL"'V VL™V
Rec. output| VRL™*"=1V | VRL™'RL"~'V | VRL™"=2V

this stage the TN2 loses consecutive packets which might happen in two different ways:
e TN2 losesn packets after the regenerated packet, or
e TN2 losesn packets containing the regenerated packet.

In the first instance, the receiver will envisagigde RL"~'V and regenerate another
packet from the second lost series, so the output voice will be generatéa by ' RL" V.

The second instance forces the receiver to havé’thé L'V pattern and after regenerat-
ing a packet, the voice will be reproduced GyRL™ "2V pattern. Table 4.1 summarizes
all the packet patterns in the network.

Comparing the lost length of the pattern when the active node is on and off, it can be seen
that the output stage envisages + n — 1) consecutive lost packets when the active node is
off and it envisage§n + n — 2] or [(m — 1) and(n — 1)] consecutive lost packets when the
active node is on.

One can conclude that, in the worst case (the second way of losing packets in TN2), the
active node reduces the number of consecutive lost packets by one. Therefore, it is obvious
that the active node improves the quality of sound at the receiver. Apart from regenerating
lost packets, using a small buffer, the active node can reorder the arrived out-of-order packets
and send them to the destination. Therefore, the overall delay in VOIP will be reduced.

4.11 Active node location

In order to find the best place to have an active node to do "on-the-fly” regeneration of the lost

packets, Le et al. chose a simple packet loss model (Bernoulli model) [57]. This Subsection

extends their work by using the Gilbert model. Figure 4.16 shows the network topology.
Suppose the first lossy network cloud drops packets with the probabilityaidq, and

the second cloud loses packets withandg,. With Regard to (2.8), the probability of having
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VS: Voice Source
AN: Active Node

NC: Network cloud
VD: Voice Destination

Figure 4.16: Simple network topology for tests.

k consecutive packets at the receiver is given by

P = [pi(1=p) lp2(1 = p2)*7]. (4.9)

To find the best placement of the active node, suppose that the whole probability of losing a
packet in the network is a constant valué)( Thereforep,; + p, = N and the probability
is given by

P = [p(1=p)" (N —p)(1 = N +p)*]. (4.10)

For the sake of simplicity, suppose that 2. It then follows that

P = (p1 —p})(N = N>+ (2N — 1)p; — p})
= pf —2Np? + (N> + N — 1)p? + (N — N¥)p,. (4.11)

To have minimumpP, g_;i =0, as a result
4p3 —6Np? +2(N* + N —1)p; + (N — N?) = 0. (4.12)

Following this calculationp; = & and from (4.9)p, = I.
This shows that the optimal place to install an active node is where the packet loss rate

from the sender to that location is equal to the loss rate from that location to the receiver. Ac-

cording to Chapter 2, active nodes have a benefit at the interface between a wireless network

and the optical fibre-based Internet.

4.12 Simulation and test environment

In spite of the fact that the simulation may alter the overall performance of the algorithms
and may hide some details, it was decided to use a network simulator on a computer for a
practical test environment. Using packet-level simulation, it is possible to study the overall
packet behaviour and the data can be collected at any node in the network. The test environ-
ment should provide some facilities for detailed information about voice-packing schemes.
Therefore, it must be able to do the following tasks.
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¢ Implement active nodes.

¢ Implement different packet loss patterns.

e Mark different packets with different headers.

e Specify the source and destination of each packet.

e Generate and change background traffic.

e Change the packet size.

e Change links’ speed and their packet dropping strategy.
e Alter the buffer size of each node in the whole network.
e Change the transmission delay of each link.

e Support different transmission protocols.

It was decided to use a well-designed network simulator, which has a model of reality
with many real-world implementations. Consequently, letwork Simulator ZNS-2) is
chosen. NS-2 was developed as a part of Virtual Inter Network Testbed (VINT) project by
the University of Southern California, Berkeley and some other network researchers [33].

NS-2, which works under the Unix operating system, needs simulation codes written in
C++ and Object Tool Command Language (Otcl). Its software architecture provides high-
performance packet level simulation (using C++) besides a flexible configuration environ-
ment (using an interpreted language Otcl [34]. There is one-to-one correspondence between
a class in C++ and a class in Otcl. NS-2 is a discrete event simulator for networking re-
search, which works at the packet level. It provides substantial support to simulate different
protocols such as TCP, UDP, FTP and HTTP for unicast and multicast sessions with simple
or complex topologies. It supports different queue management mechanisms such as Drop
tail, Random Early Detection (RED) and Class-Based Queueing (CBQ). Moreover, NS-2
supports the event scheduler in which an event is a unique packet with scheduled time and
an object that handles the event by a pointer. NS-2 uses the drawn strategy in Figure 4.17 to
make new objects and work with its current objects.

A file with Otcl script gives the configuration and control information for simulation to
NS-2. The simulation objects such as nodes, links and all traffic sources are described in
the script and immediately mirrored in the compiled hierarchy. The Otcl file determines the
number and configuration of the network nodes, the links and their specifications (physi-
cal setup), the protocols used in the connections and the start and stop time of each flow
(simulation topology).
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Simulator
A 4
Simulation Analyser
Compiler —»Libracy—» NS »( Results |
(tracefile) (NAM)
Existing -
Otcl
programs interpreter Draw
(C++) i stgtistical
pictures

Figure 4.17: NS-2 software structure.

One of the output files of NS-2 is a file withamextension. It has a complete description
of the simulation, which gives detailed information about each packet. For simplification,
a Network Animator software is available that allows the study of the simulation results
graphically.

4.12.1 Active packet structure in the simulations

In order to have active packets, a data structure with different fields was chosen.
e Seg-no: Two bytes that hold the sequence number of each voice flow.
e Send-time: Four bytes that contain the packet creation time.

e Data: An array of bytes, which carries the main data of the flow. The array size varies
with the voice-coding scheme.

e Data-type: A byte to identify the type of the data field. It indicates the first, last and
other packets of a session.

o Data-length: Two bytes, which hold the data length in the data field.

e Packing-type: An identifier byte, which defines the voice-packing scheme. Different
packing methods have different numbers.
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e Nof-important: A byte to hold the number of important bytes in the main data array.
e Imp-address: A byte-array, which holds the address of important bytes.

e Imp-data: A byte array to keep the important data.

e Imp-parm: Two bytes to indicate the threshold level in some packing schemes.

e Decode-sample: Two bytes to hold the decoding sample in some voice-packing schemes.
They are used for ADPCM related coding methods.

e Decode-index: A byte to hold a pointer to a decoder table for ADPCM related coding
schemes.

¢ Indicator-index: A byte to define the way of indicating the important bytes in some
coding schemes.

It must be considered that the mentioned data structure is a general structure that can be
used for all voice-packing algorithms introduced herein. Some fields are not used for some
specific methods.

4.12.2 Active node implementation

The main code to implement an active node in NS-2 is written in the form of C++ files,
which must be compiled and linked to the other parts of NS-2. In the following lines code
snippets are only shown when needed. The complete codes for implementation are detailed
in Appendix B.

Active agent header

The first step for a new service in NS-2 is to write a program in C++ to define the framework.
The object-oriented environment in NS-2 helps the user with an active-agent to implement
active nodes (the agent is an autonomous software entity that can interact with its environ-
ment). The following program defines an active-agent in NS-2.

class ActiveAgent : public Agent {
public :
ActiveAgent();
int command(int arge, const char x const * argv);
void recv(Packetx, Handlerx);
int m_param;
int node_status;
int prob_pl, prob_ql, prob_p2, prob_q2;
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protected :
int of f_active_;

h

An integer parameter namea-paramis passed to the agent to set the coding parameter
in some voice-packing schemes.

Active class

In order to use the agent in NS-2, it is necessary to define a class. The following program
generates an active-class from the active-agent.

static class ActiveHeaderClass : public Packet HeaderClass {
public :
ActiveHeaderClass() : PacketHeaderClass(” PacketHeader [Active”, sizeof(hdr_active)) {}
tclass_activehdr;

static class ActiveClass : public TclClass {
public :
ActiveClass() : TclClass(” Agent/Active”) {}
TclObject x create(int, const char x constx) {
return (new ActiveAgent());

} class_active;

NS-2 uses compiled C++ codes plus interpreted Otcl scripts to handle a simulation. To
transfer parameters between C++ and Otcl, a simple binding code must be used:

ActiveAgent :: ActiveAgent() : Agent(PT_-ACTIVE) {
bind("packetSize ", &size.);

bind("of f _active”, &of f_active.);
bind("m_param_tcl”, &m_param);
bind("node_status_tcl”, &node_status);

bind(” prob_pl_tcl”, &prob_pl);

bind("prob_ql_tcl”, &prob_ql);

bind(” prob_p2_tcl”, &prob_p2);

bind(" prob_q2_tcl”, &prob_q2)

3

Active agent

A simple instruction in Otcl is enough to generate and send a packet.

#ns at 27 $p0 send pem”

After two seconds from the beginning of simulation, this instruction generates a packet
and passes "send” as the first and "pcm” as the second argument to it. The above instruction
needs the following program to check the arguments, allocate a packet and assign an active
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header to it.

int ActiveAgent :: command(int arge, const char x const x argv)

{

if (stremp(argv[l], ”7send”) == 0)

if (stremp(argv[2], 7pem”) == 0)

{

Packet x pkt = allocpkt();

hdr_active x hdr = (hdr_activex)pkt— > access(of f_active_);
hdr— > type = 0;

send_function_pem(hdr, PCM);

send(pkt, 0);

+ +total_trans_pack_no;

}
return (TCL_-OK);

}

return (Agent :: command(arge, argv));

}

The program calls up a related voice-packing scheme (send-function), which prepares
voice data, and sends the packet to the next node.

Preparing a voice packet

The send-function prepares data from an input voice stream and packs them in the data field
of the packet structure.

void send_function(hdr_active x shdr, char treat_type)

{

FILE xin, *out;

shdr— > seq-no = send_seq_no;

+ +send_seq_no;

shdr— > send_time = Scheduler :: instance().clock();
shdr— > treat_type = treat_type;

if ((in = fopen(in.wav”, ’rb”)) == NULL)
Tcl& tel = Tdl :: instance();
tel.eval("puts " Cannot open input file””);
exit(0);

if (file_seq-no == 0)

{
if ((out = fopen(”out.wav”, "wb”)) == NULL)

Tcl& tel = Tl :: instance();

tel.eval (" puts ” Cannot open out.wav file””);
exit(0);
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fread(in_charb, FILE_OFFSET, 1, in);
fwrite(&in_charb, FILE_OFFSET, 1, out);
feclose(out);

fseek(in, FILE_OFFSET + (file_seq-no x MAX _SEG_SIZE), SEEK_SET);
shdr— > data_length = fread(shdr— > data, 1, MAX_SEG_SIZE, in);
shdr— > data_type = DATA_PACKET;

if(1shdr— > data_length)
shdr— > data_type = END_OF_DATA_PACKET;

felose(in);
+ + file_seq_no;

}

It fills all relevant fields of the packet structure such as packet-sequence-number, send-
time, treat-type, data-length and data-type. At this stage, the ActiveAgent sends the packet
to its destination.

Active node

ActiveAgent is a procedure, which can receive a packet and check its fields. At first, it checks
the treat-type field of the packet and calls an appropriate function to handle the packet (such
asan-pcm-functioh This is the main function that checks the sequence number of the pack-
ets. In case of detecting a lost packet, this function generates the lost packet using its adjacent
packets. This done, the ActiveAgent sends the new packet to its destination. The code for
receiving packets, detecting the lost packets and regenerating them is implemented in NS-2
using the following programs:

void ActiveAgent :: recv(Packet x pkt, Handlersx)

hdr_ip « hdrip = hdr_ip :: access(pkt);
hdr_active x hdr = (hdr_activex)pkt > access(of f _active_);
if (hdr > type == 0)

if (hdr > treat_type == PCM)

{
Packet x pktret = allocpkt();
hdr_active x hdrret = (hdr_activex)pktret— > access(of f_active.);
hdrret— > type = 1;

an_pcm_function(hdr, hdrret);
Packet :: free(pkt);
send(pktret, 0);
}
¥

else

{

recv_function(hdr);
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sprint f (out, ”%s dest_recv %d %3.1f”, name(), hdr— > seq_no,
(Scheduler :: instance().clock() — hdr— > send_time) % 1000);
Packet :: free(pkt);

}
}

Receiving a voice packet

The recv-function receives and saves a packet, analyzes it and detects the lost packets. In ad-
dition, the function calls up other functions to regenerate the lost packets. The reconstructed
voice is sent to the output stage.

void recv_function(hdr_active * rhdr)

if (rhdr— > treat_type == PCM)
pem_packet(rhdr);

Statistical information

The following code generates statistical information about the lost packets:

unsigned char dif f = abs(ihdr— > seq-no — an_nodeseq_no);

if (diff > 1)
{

+ +an_nof_dropped_packets;
for (i = (an_nodeseq_no+ 1) ; i < ihdr— > seq-no; i+ +)
tel.eval f("puts” AN : Packet No. %d is lost. It took %d ms. to be regenerated.”” | i, time2 — timel);

switch (dif f)
{

case 2 : + +an_one_consequitive_lost; break;
case 3 : + +an_two_consequitive_lost; break;
case 4 : + +an_three_consequitive_lost; break;
case 5 : + +an_four_consequitive_lost; break;
default : + +an_more_consequitive_lost; break;

}
}

an_nodeseq_no = ithdr— > seq_no;

To sum up, when a packet reaches the active node, the node checks the packet header and
if the packet is an active one, it is sent to a specific program. If the packet is an ordinary
one, its address field is checked and it is sent to its destination. Active packets are classified

based on their treat-type field. Each voice-coding scheme has its own node program. The
node checks the packet to find the number and location of the lost packets (it can be done by
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testing the packet’s sequence number). If no lost packet is detected, the node saves a copy
of the packet data field in its structure and sends the packet to the next node. If a lost packet
is detected, the node tries to regenerate it using the saved data from the previously arrived
packets. The regenerated packet is marked (with a tag in the data-type field) and is sent to
the next node.

4.12.3 Simulation topology

The topology of the network is pre-determined and defined in an Otcl file, which is summa-
rized here.

set ns [new Simulator]

#Create three active nodes
set n0 [$ns node]
set nl [$ns node]
set n2 [$ns node]

#C'reate three ordinary nodes
set n3 [$ns node]

set nd [$ns node]

set nb [$ns node]

set n6 [$ns node]
set n7 [$ns node]
set n8 [$ns node]
set n9 [$ns node]

#Connect the nodes with two links

$ns duplex — link $n0 $n3 1Mb 10ms DropTail
$ns duplex — link $n3 $n9 Slinkspeed 10ms SFQ
$ns duplex — link $n9 $nl1 1Mb 10ms DropT ail
$ns duplex — link $nl $nd 1Mb 10ms DropT ail
$ns duplex — link $nd $n2 1Mb 10ms DropT ail
$ns duplex — link $n5 $n3 1Mb 10ms DropTail
$ns duplex — link $n6 $n3 1Mb 10ms DropTail
$ns duplex — link $nd $n7 1Mb 10ms DropT ail
$ns duplex — link $nd $n8 1Mb 10ms DropT ail

set p0 [new Agent/Active]
$ns attach — agent N0 p0
set pl [new Agent/Active]
$ns attach — agent nl pl
set p2 [new Agent/Active]
$ns attach — agent N2 p2
$ns connect p0 pl

$ns connect pl p2

for {seti .5} {$i <= 170} {set i [expr $i + 0.05]} {
$ns at $i 7 $p0 send pcm” }

$ns at 10”7 finish”

$ns run
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V'S: Voice Source

US: UDP Source

TS: TCP source

AN: Active Node

TN: Traditional Node
VD: Voice Destination
UD: UDP Destination
TD: TCP Destination

Figure 4.18: Simulation topology for tests.

Figure 4.18 shows the topology for the simulation.

Using a voice-packing method, node Voice Source (VS) packs a voice packet and sends
it to VD, which acts as a Voice Destination node. The first Traditional Node (TN1) collects
packets and sends them to the Active Node (AN). AN has the lost packet recovery program.
Detecting a lost packet, it regenerates the packet using its internal execution environment.
AN sends the received and regenerated packets to TN2. Since a practical test needs back-
ground traffic, nodes TS and US are assigned to generate the traffic. As the most dominant
protocols in the Internet are TCP and UDP [103], node US generates UDP packets and sends
them to node UD and node TS generates TCP packets and sends them to node TD. The UDP
packets have 400 bytes of payload. They are transmitted at 1 ms intervals. The TCP packets
have 400 bytes length and a 32-packet size window.

All links have 1 Mbit/sec speed except the link between node TN1 and AN, which has
variable speed. All propagation delays are set to 10 ms. As a bottleneck in the topology, a
lossy link is established between node TN1 and AN. The variable link speed between TN1
and AN, and the limited number of packets in queue for TN1 mean the active node and
the receiver experience various drop rates. Away from the bottleneck, nodes TN1 and TN2,
because of the way they are designed, drop packets based on the Gilbert model. Each of
them receives two parameterspaandq from the input configuration file which sets its drop
strategy based on those parameters (refer to Subsection 2.2.3). The packet drop distribution
is adjusted to what is measured from the practical tests described in Chapter 2.

Simulation parameters

In addition to the other simulation parameters, which are mentioned in the previous subsec-
tions, the inputtcl file uses the following instructions to set the simulation parameters.
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set  m 4500 ;5 Set the M parameter for dif ferent schmes
set active.node ON ;5 Turn the active node On and OF F

set  prob_pl 0.5 ;5 pl for Gilbert model for TN1

set  prob_ql 0.1 ;5 ql for Gilbert model for TN1

set  prob_p2 0.5 ;5 p2 for Glilbert model for T N2

set  prob_q2 0.1 ;5 q2 for Gilbert model for TIN2

set link_speed  1Mb ;5 Set the bottleneck link speed

The above parameters are altered to set the active node operative and non-operative and
change the other simulation parameters to get different loss rates and patterns.

4.13 Summary and conclusion

In this Chapter, active and passive networks are described and the role of the active networks
in lost packet detection and regeneration is discussed. Mathematical analyses prove that by
reducing the number of consecutive lost packets, an active node improves the voice quality
at the receiver. Therefore, active networks are used to regenerate the lost packets. Simple
calculation shows that the best place to allocate an active node is where the packet loss rate
from the sender to that location is equal to the loss rate from that location to the receiver. In
addition in this Chapter, a practical way to implement active nodes in the current network
is proposed and an active node structure is explained. Finally, codes for implementing an
active node in a network simulator environment, followed by the simulation topology, is
introduced.
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Chapter 5

Detached Samples Packing Method
(DSPM)

This Chapter presents a voice-packing scheme based on speech properties for VOIP. This
technique, Detached Samples Packing Method (DSPM) introduces an algorithm to encode
and pack voice samples at the sender as well as decode and regenerate voice at the receiver.
Its main undertaking is to compress the speech samples by finding the similar voiced seg-
ments in speech. It can be implemented in active networks as pre-stored programs that can
help active nodes do "on-the-fly” regeneration of lost packets. It works on packing speech
based on its specifications and on the drop behaviour of the Internet. The following sections
describe DSPM based on its sender, receiver and active node routines followed by some of
its test results.
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5.1 DSPM sender routine

DSPM sender routine consists of a packing and a main routine.

5.1.1 Packing Routine

Suppose PCM voice samples (8000 samples/s and 8 bits/sample) are transmitted from source
to destination through a network, which has active nodes in its structure. The routine gets
voice samples and divides them to make blocks. Each block is formed by 400 samples as

Xo, X1, X399

The Packing routine separates even-numbered samples from odd-numbered ones and frames
them into two groups [23]. Consequently, each frame will have half of the block samples as

XO; X27 e 7X398

and
Xl; X3a e 7X399'

If each frame is packed in a packet, it is possible that some packets will be lost due to the
lossy environment in the network. It is possible to reconstruct the lost packets from the other
available packets in the receiver or in the active node in the network. If the odd samples are
lost, each lost byte can be estimated by a simple linear interpolation, for example

X; = (Xo+ X2)/2
and
X3 = (Xo+ Xy)/2.

Using this method, it is possible to regenerate the lost packet in an active node and insert it
into the network. The quality of sound will not be very good because it is not possible to have
good samples with the simple averaging method. For example, in Figure 5.1, it is obvious
that X, ; cannot be accurately regenerated framand X;.,. The averaging method error

will be very high and the quality of sound will be poor. To cope with the problem, Wah
and his colleagues tried to design a linear transformation to change voice samples before
interleaving [107, 105]. They used a matrix where regenerated voice quality depends on
dimension. On the one hand, a big matrix generates good voice quality when a packet is lost
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Figure 5.1: Example of a voice segment.

but on the other hand, when a big matrix is used in a loss-less environment, it generates poor
voice quality compared to the original voice.

In contrast to the approach of [107, 105], DSPM tries to pack packets in such a way that
the regenerated voice quality does not degrade in loss-less networks. To do this, the DSPM
algorithm finds and marksnportant sample®f the original voice and transmits them in
both odd and even packets.

In Figure 5.1, the protocol has to transmit », X;, X;i1, X;12, Xit4, ... SAMples in the
even packet an&; 3, X; 1, X;11, X;13, ... Samples in the odd packet, so the important
sample ;1) will be transmitted in both packets. The protocol would mark the important
sample in the even packets and let the receiver know that it is not an ordinary byte. This
means, in case of losing the odd packet, the reconstruction routine would pay attention to
that byte.

If the following condition is true forX;,

‘Xi—l + Xi1
2
then X; will be marked as an important byte, wheréis a predefined threshold. Using

- Xil > M (5.1)

a large M, packets will have short length but the result of regeneration will not be very
accurate. On the other hand, using snidl| the packets will have long length but accurate
reconstructed samples will be generated. MoreoverMhparameter will determine the
amount of redundant data that is not required if both odd and even frames are received at
the destination. In short}/ defines the amount of overhead that DSPM adds to the voice
samples. Figure 5.2 shows the overhead percentage véfquarameter in 4500 bytes of
female voice samples whepg, varies between 0 and 255. It can be seen that the overhead
percentage wher®l equals 50 is less than 4%. The previous studies have shown that the drop
rate is not closely related to the packet length, so inserting 4% of overhead to the voice stream
in the Internet will not have a severe negative effect in the whole transmission environment.
Besides, this amount of overhead helps the active nodes (or the receiver) regenerate the lost
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Overhead (%)
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M parameter

Figure 5.2: DSPM overhead versu¥ .

Table 5.1: Voice segment occurrence

Segment | No. of occurrence
Unvoiced 248
Un2voiced 34
Voiced 484
V2unvoiced 34

packets more efficiently.

5.1.2 Main Routine

This routine gets sound samples and processes them in several steps. In the first step, the
Main routine divides sound samples into segments of 80 bytes in length (10 ms). The energy
of each segment is calculated and is stored in an array by

no 80
B = S aml = S fan)l. (5.2)

A classifier routine classifies segments based on their energy. Segments with lower energy
than a predefinedoice-unvoiced-thresholdre classified at/nvoicedand the others are
marked as/oiced The transitions between these two classes are markéni@sd2unvoiced
andUnvoiced2voicedegments. Table 5.1 shows the number of each segment in 8 seconds
of female voice samples.

In the next step, the consecutive segments of the same classification are joined together to
make blocks. As both transitions only happen in one segment, they have 80 byte, fixed-sized
blocks. DSPM is allowed to make blocks no longer than five segments (Maximum 40 ms.
blocks). Then the Main routine selects a block and encodes it based on its class.
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Figure 5.3: DSPM Unvoiced2voiced-block packet structure.

Unvoiced block: For an unvoiced block, a very short packet is generated containing
the size of the block and its energy. At the receiver, a random noise generator can
simulate this block if its noise power is adapted to the power of the original unvoiced
block. That packet is inserted in the network twice, because of its similarity with the
packets of other blocks.

Unvoiced2voiced block: As this block has remarkable impact on the voice quality, it
must be packed in such a way that it can be regenerated properly if a packet loss occurs
during the transmission. So DSPM calls the packing routine up with\lbim order to

have a higher redundant data. The packet structure for this segment is shown in Figure
5.3.

Voiced2unvoiced block: This block is not very important and losing bytes in this part
of sound does not have a serious negative impact on the sound quality at the receiver.
So DSPM calls the packing routine up with high to have low redundant data. This
segment has the same packet structure as shown in Figure 5.3.

Voiced block: This block can be packed the same as transition blocks but a detailed

survey of the speech shows a periodic waveform in some parts of the voice segment
[40]. Figure 5.4 shows the voiced segment when "one” is pronounced by the author

and it has a 9 ms period. The period depends on the speaker’s pitch, and men and
women have different periods [87]. There are few differences between adjacent parts
(a, b and c in Figure 5.4) and each part can be easily estimated from its neighbors.
Therefore, DSPM searches to find the period of that segment and marks it in the packet
in order to compress these parts and not send unnecessary data.
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Figure 5.4: Similar parts in a voiced segment.

There are techniques to find the periodic part of a voice segment. Low pass filtering
[26], man-interacting pitch detection procedure [66, 81] and pitch detection using a zero-
crossing interval sequence [40] are some examples of those algorithms. To find the periodic
part of a voice segment, DSPM calculates the autocorrelation of the voice block [80]. The
autocorrelation is calculated by

Y(n) = Y z(n)z(n—k). (5.3)
The interval between the two first adjacent peaks is considered the period of the voice. Figure
5.5 shows a voiced sample of female speech and Figure 5.6 shows its autocorrelation.

It can be seen that the interval between the two first adjacent peaks in Figure 5.6 is 44
which is equal to the period of voice in Figure 5.5. If there is no clear periodic part in the
autocorrelation, the first segment (80 bytes) of the block is truncated. The truncated segment
is considered to be packed as an independent voiced block. The rest of the block is sent to
be reprocessed by autocorrelation. Figure 5.7 shows samples of a non-periodic voice and
Figure 5.8 shows its autocorrelation.

Having obvious periodic peaks, the cross correlation between that period and the rest of
the block is checked to find similarity within the block. The cross correlation is obtained by

o0

Y(n) = Y z(n)p(n— k). (5.4)
To do this, the amplitude of the first cross correlation peak is divided by the amplitude of
each peak. Similarity is defined as a ratio higher than a predefimedarity-threshold The
higher the Similarity-threshold, the lower the achieved compression rate, therefore the higher
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Figure 5.7: A non-periodic voice segment.
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Figure 5.8: Autocorrelation of the non-periodic voice segment.
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Figure 5.9: Cross correlation of the periodic voice segment.

the number of bytes required to transmit and the higher the voice quality at the receiver.
Figure 5.9 demonstrates the cross correlation of the voice in Figure 5.5.

Having identical parts, samples of the first period and the number of its repetitions are
sent to the Packing routine. These samples accompanied by medium level redundant data
(M) form packets. If no similarity is detected in the cross correlation, the first period of the
block is truncated and packed as an independent voiced block, and the rest of the block is
sent to the autocorrelation portion of this routine. In a practical test, a 300-byte voiced block
was compressed into a 76-byte packet. Figures 5.10 and 5.11 show the flow chart of the
sender routine and the packet structure of DSPM respectively.

5.2 Receiver or active node routine

As each block is separated into two consecutive packets with odd and even samples, if a
packet is lost in the network, the active node (or the receiver) will have another part of
that block for recovery. If the packet is an unvoiced one and it is alone (no other adjacent
unvoiced packets are available), the active node can generate a copy of it and insert the copy
in the network. Receiving a single packet in other parts of the sound, the active node can
easily regenerate the lost packet using interpolation between adjacent samples of the received
packet. At the end of interpolation, the important bytes from the packet will be inserted into
their proper place.

If the active node runs the regenerating and packing routine for all received single packets
and inserts the reconstructed packets into the network, the receiver will have more received
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Figure 5.11: DSPM packet structure.

packets to regenerate the original sound. It has been observed that in a periodic waveform,
the amplitude changes gradually between adjacent periods. At the receiver, a program was
written to compensate its effect using the change rate. By testing it was found that this
routine had no noticeable impact on voice quality and it has been deleted from all programs.

5.3 Protocol specification and verification

In order to specify and verify the DSPM active node routine and test its correctness, two
models were chosen and the routine tested in both of them.

5.3.1 Finite State Machine (FSM) model

In this model, the active node rests irstatewaiting for aneventto happen [102] [101].
Each state consists of all the values of its variables. The active node has two states. It awaits
either an even-packet or an odd-packet. The node receives three packets from the sender;
even, odd and an unknown packet. Figure 5.12 represents a state of FSM.

The FSM of the DSPM active node routine is indicated in Figure 5.13.

There are seven transitions listed in Table 5.2 for this FSM.
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What the node gets What the node What the node sends

E: even-packet iswaiting for to the receiver

O: odd-packet E: even-packet E: received even-packet
X: unknown-packet O: odd-packet O: received odd-packet

E: regenerated even-packet
O: regenerated odd-packet

Figure 5.12: FSM states.

Figure 5.13: FSM of DSPM active node routine.

Table 5.2: FSM transition list for DSPM.

Transition | Packet accepted Packet regenerated Packet sent
0 E - E
1 O - O
2 - - -
3 - - -
4 On En En, On
5 On Oi, En Qi, En, On
6 E Oi OiE
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As the protocol has only two states, it is not necessary to do the reachability analysis to
determine if the protocol is correct [101].

The DSPM active node routine has a fairly simple protocol with two states. In case
of more complicated protocols (such as DADPCM5), the FSM method will present many
complicated states and transitions that are very difficult to analyze. Therefore, this thesis has
examined SDL, which is explained in Subsection 4.6.6.

5.3.2 Specification and Description Language (SDL) model

SDL presents the protocol based on what is drawn in Figure 4.11. Again the DSPM node
routine has two states.

e W F_FE; in which it awaits for an even-packet numberted
e WF_O; inwhich an odd-packet numbereds anticipated.

E, andO,, represent the numbered packets other thamiving at the active node. Figure
5.14 shows the SDL for that routine.

As can be seen, this method presents a much easier way to verify that the protocol does
not have a deadlock or end less loop in its structure.

5.4 Results of DSPM

The voice quality of DSPM is evaluated in terms of its data rate and its robustness against
the packet loss problem.

Quality versus data rate

In a test, the Similarity-threshold was selected as 0.8 and 4500 bytes of female voice samples
were packed into 2916 bytes. The lossy network simulator discarded 50% of all packets and
the reconstruction routine had to regenerate sound with its 1473 received bytes. The upper
waveform in Figure 5.15 shows the original voice and the lower waveform represents the
regenerated voice using 1473 received bytes at the receiver.

As is mentioned in Subsection 5.2, the amplitude changed gradually during adjacent pe-
riods. Thecheckpoint in the original voice indicates the change in amplitude during consec-
utive periods. The regenerated voice has equal amplitude for the pectoatspoint in the
lower Figure). The regenerated voice from 32% of the original voice has acceptable quality
judged by the audience (Appendix C).
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Figure 5.14: SDL of DSPM active node routine.
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Figure 5.15: Original and regenerated voice samples.

In another test, a very lossy network which loses 50% of packets was considered. The
audience was asked to mark the regenerated voice based on its quality, from zero for unac-
ceptable to ten for very good. Figure 5.16 shows the relative quality of the voice versus its
overhead percentage.

As would be expected, the lower the Similarity-threshold, the lower the transmitted data
rate. Figure 5.17 shows the relation between the transmitted data versus the Similarity-
threshold for 64000 byte of a female voice.

It can bee seen that the DSPM sends 49784 bytes out of 64000 bytes even when the
threshold is one. That is because the DSPM compresses the unvoiced parts of the speech.

Relative quality

0 5 10 15 20 25 30 35
Overhead (%)

Figure 5.16: Quality versus overhead with 50% lost packets.
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Figure 5.18: DSPM relative quality versus the Similarity-threshold.

Figure 5.18 represents the relation between the regenerated voice quality and the Similarity-
threshold when the network passes all packets as opposed to when it loses 50% of the pack-

ets.

Quality versus loss rate

In this test, five schemes were tested to compare their voice quality after passing through a

lossy network.
e Silence substitution: Inserts silence instead of lost packets.
e Packet repetition: Repeats the last arrived packet in place of the lost packet.

e FEC: This scheme uses redundant low bit rate (6.4 kbps) LPC codes "piggy-backed”
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Figure 5.19: Comparison of voice quality of different schemes.

on the high quality 64 kbps main PCM codes.

e Separated odd-even samples: Separates a voiced-block into two packets with odd and

even numbered samples.

e Detached Sample Packing Method: The explained method Mitqual to 50 for the
voiced part and Similarity-threshold equal to 0.8.

In all tests, a native English-speaking woman was selected and her 64 kbyte voice was packed
at the sender. The audience was asked to judge the regenerated voice based on its quality
(Appendix C). The tests were done with different loss rates. Figure 5.19 shows the result.
The result implies that the silence substitution scheme cannot cope with more than 10%
loss rate. The other four schemes have almost similar quality in low loss rate but DSPM
has better quality at higher loss rates. Although ithgparameter was selected to be 50 and
the overhead was less than 4%, DSPM has significantly higher quality in a very lossy net-
work. Even though FEC offers better quality compared with DSPM’s 0% (without redundant
data), it must be recalled that FEC has 6.4 kbps of redundant data and also it increases CPU

overhead.

5.5 Summary and conclusion

DSPM as a voice-packing scheme can compress the voice samples and pack voice packets
based on the voice specifications. It divides voice samples into four segments and inserts
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redundant data based on the specification of each segment. Therefore, its packet length
varies from packet to packet. It adds a low amount of redundant data to packets, which
allows the scheme to tolerate lost packets. It compresses the unvoiced and voiced parts of
speech to enable a lower bit rate. Results show that the voice quality of DSPM depends
on its Similarity-threshold and likewise, its data rate depends on that threshold. Compar-
ing different schemes, it is revealed that DSPM offers good voice quality even when the
network suffers from heavy losses. Considering the quick packet regeneration algorithm
of DSPM compared with the FEC algorithm, DSPM can be classified as a suitable voice
packing method for very lossy networks.
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Chapter 6

Detached Adaptive Differential Pulse
Code Modulation (DADPCM)

This Chapter introduces a voice-packing scheme based on the main idea of DSPM. The idea
of inserting important bytes in different packets is implemented by the ADPCM algorithm

in this scheme. This method is suitable when compressed voice samples must be transmitted
from source to destination through a network which has active nodes in its structure. Al-
though the packing scheme can be implemented in a traditional network, active nodes can
support the scheme which offers improved voice quality during higher packet loss rates. The
DADPCM algorithm compresses, encodes and packs voice samples at the sender and regen-
erates those voice samples at the receiver. To overcome the packet loss problem, the algo-
rithm inserts important bytes to the coded data in order to regenerate accurate voice samples
at the receiver. Besides that, this Chapter introduces new methods for choosing the impor-
tant samples. The following subsections describe DADPCM based on its sender, receiver
and active node routines followed by an efficient method to mark the important parameters
and the tests results.
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6.1 DADPCM sender routine

This routine separates voice samples into blocks and executes the following steps on each
block.

6.1.1 First step: Separate samples

For the sake of simplicity, this step is explained without compression (which is the main
concept of ADPCM). Suppose a block is formed by

Xo, X1, Xsoo

samples. As was mentioned in DSPM routine, the Sender routine separates even-numbered
samples from odd-numbered ones and puts each in separate streams [53, 52]. Consequently,
each stream will have half of the block samples as

XOa X27 U 7X398

and
Xl; X3a e 7X399'

If each stream is packed and sent to the receiver via the Internet, some streams might be
lost because the Internet does not guarantee a reliable transmission environment. By simple
linear interpolation, DADPCM would be able to reconstruct the lost packets from the other
available packets in the receiver or in the active node in the network. Although this method
regenerates the lost samples, the quality of the regenerated sound will not be very good
because of the averaging method error.

As was mentioned in the DPCM method, the algorithm would find and mark important
samples of the original voice and transmit them in both odd and even packets. The proto-
col would mark the important samples in both packets and let the receiver know that they
are not ordinary bytes. This routine uses the same strategy as is mentioned in Subsection
5.1.1 to choose important samples. Theparameter plays the same role in packet length
and voice quality as is mentioned for DSPW. defines the amount of overhead that the
DADPCM adds to the voice samples. Figure 6.1 shows the packet overhead percentage ver-
sus M parameter in 64000 bytes of female voice samples wkigmaries between 0 and
65535. It can be seen that the overhead percentagé fwhich is equal to 4200, is less than
10%. The performed tests have shown that the packet drop rate is not closely related to the
packet length, so inserting 10% of overhead to a compressed voice stream on the Internet
will not have a severe negative effect on the whole transmission environment. Furthermore,
this amount of overhead helps the active nodes regenerate the lost packets efficiently.
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Figure 6.2: DADPCM encoder and decoder block diagram.

6.1.2 Second step: Encoding and decoding samples

This step receives a stream from the first step and applies the ADPCM compression algo-
rithm to it. The ADPCM algorithm takes advantage of the high correlation between consec-
utive speech samples. The selected ADPCM 32 kbps algorithm is based on the Interactive
Multimedia Association (IMA), ITU-T recommendation G.721. The algorithm encodes the
difference between a predicted sample and the speech sample, so it provides efficient com-
pression with a reduction in the number of bits per sample [83]. It converts each eight-bit
voice sample to a four-bit ADPCM code. Figure 6.2 shows a block diagram for the ADPCM
compression routine.

The 16-bit two’s complement, input sample, is subtracted by the predicted samgje
and the difference is applied to an adaptive quantizer, which generates a four-bit encoded,
output code. In order to predict the next sample, a full decoder is implemented in the encoder
structure. The decoder uses four bit codes to update the inverse quantizer. The decoder needs
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its previous predicted-sample and quantizer step-size-index in each iteration. To summarize,
the encoder generates ADPCM codes that are not only based on the current input sample but
also based on the previous samples. This is an important point, which must be considered in
the packing scheme otherwise each received packet following a lost packet might generate
wrong samples. To prevent this effect, DADPCM inserts three bytes as decoding coefficients
in all packets. Consequently, each packet can be decoded individually.

6.1.3 Third step: packing the encoded samples

This step receives coded samples from the second step, inserts decoder coefficients and also
inserts the location of the important bytes, which is necessary to regenerate the voice at the
receiver. The important bytes are inserted in both even and odd packets so where there are
both packets, the receiver will have those samples twice. The receiver needs to know the
important bytes’ location in order to prevent them occurring twice at the output. As each
important byte is coded in four bits, it forms half of a byte of a packet. Therefore, the
sender must mark each important nibble. Three different schemes for indicating the location
of important codes are considered. They are compared in terms of their total amount of
overhead. In the following text, lettdrstands for the number of important codes and letter

A stands for the number of main codes.

¢ Define a byte containing the address of each byte in the packet with an important code
and assign one bit to indicate the low or high nibble of the location. The overhead is
1/2 byte for codes/ byte for pointers and /8 for nibble indicators given by

Overhead =1+ 1/2+1/8 =131/8.

e Assign a bit to each nibble in the whole stream (main or important codes) to point the
important codes. The overhead/i& byte for codes plusA + I)/8 byte for pointers
given by

Overhead = 1/2+ A/8+1/8 = (A+5I)/8.

e Assign a bit to each byte in the whole stream to indicate whether it has an important
code or not and assign a byte to each important code. The overhEbytesfor codes
plus A/16 byte for pointers to main codes pléig8 byte for pointers to the important
codes given by

Overhead =1+ A/16 4+ 1/8 = (A+ 181)/16.
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Figure 6.3: DADPCM packet structure.

Comparing these schemes, it is identified thdt if A/8, the second scheme has the lowest
overhead and if < A/8, the first scheme will introduce the lowest overhead. In order

to have minimum overhead, DADPCM dynamically changes its indicating scheme based
on the number of important and main codes. The sender measures the ratio of main and
important code numbers and chooses an indicating scheme and sends the scheme’s number
to the receiver via each packet.

The structure of a packet in DADPCM is shown in Figure 6.3.

The Packet Numbeis a counter that holds the number of transmitted packets Bldek
Numbercounts the 400-byte size block numbers. Befjuence numbes an even or odd
packet indicator and one bit of it indicates the scheme that points the important numbers.
The Data field has the transmitted data in ADPCM format and its length is held by the
Data-length The important data, their length and their addresses are respectively carried by
imp-datg nof-impandimp-address The M parameter with witch the packet was generated
is in them-param The three-decoder bytes that provide the feasibility of decoding a packet
independently of the other packets are indeeoder-sampléwo bytes) andiecoder-index
(one byte).

Flow chart 6.4 describes the packing routine of DADPCM.

The whole sender routine of DADPCM is coded in Appendix B.
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Figure 6.4: Flow chart of DADPCM packing routine.
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6.2 Receiver routine

This routine receives arrived packets and tries to regenerate the original voice with one of its
two strategies. Using the packet sequence number, the first strategy works based on receiving
both even and odd packets and the second strategy works based on detecting a lost packet.

e Firststrategy: Having both even and odd packets, the receiver decodes them separately.
Each packet can be decoded individually because it has its own decoder coefficients.
Moreover, each packet contains its scheme number for indicating the important codes.
Decoding even and odd packets, the receiver merges the samples into one voice stream.
The receiver also deletes the important codes using their addresses. It generates the
main voice samples and then the routine sends them to the output audio stage.

e Second strategy: Losing one packet in the network, the receiver decodes the arrived
packet to gain voice samples. The samples are divided to main and important codes.
Suppose that the odd packet is lost. The receiver gains the even samples as well as
some important odd samples in the even packets. The receiver interpolates all the even
samples to get estimated, odd samples and inserts the received odd, important samples
among them. At the end of this process the voice stream, which contains arrived,
even samples, estimated odd samples and arrived, important odd samples is sent to the
output.

Chart 6.5 shows the simplified SDL’s for the receiver routine.

In order to have analog voice, the output samples must convert to an analog signal and
pass through a filter to eliminate the aliasing problem. As the DADPCM algorithm does not
change the total sampling rate, it does not need another filter for the aliasing effect.

6.3 Active node routine

Each active node receives a packet, saves it and transmits it toward the other nodes or to the
receiver. Detecting a lost packet, the node uses the same routine as the receiver to reconstruct
voice samples. Then the node executes the same routine as the sender to regenerate the lost
packet. Eventually the regenerated packet is sent to the other nodes or to the receiver.
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98



6.4 Results of DADPCM

In a series of tests, a native English-speaking woman was selected and her 64000-byte voice
samples were packed at the sender. The lossy link discarded some packets and the active
node had to regenerate the lost packets. Using NS-2, five schemes were tested to compare
their voice quality after passing through the lossy link.

e Silence substitutions: This inserts silence instead of lost packets.
e Packet repetitions: This repeats the last arrived packet in place of the lost packet.
e FEC: This adds LPC codes of each ADPCM compressed packet to the next packet.

e Adaptive Differential Pulse Code Modulation (ADPCM): This scheme compresses
each eight-bit voice sample to a four-bit code. It uses several previous samples to
generate a new sample so when a sample (or in this case, a packet) is lost, ADPCM
accumulates the effect of the lost sample in numerous later samples. As a result, AD-
PCM itself cannot deal with the packet loss problem at all. The tests showed that the
voice quality is not good even with 5% lost packets. In another test the decoder coeffi-
cients were added to all packets to let the receiver decode each packet individually. As
aresult, the regenerated voice had the same quality as the silence-substitution scheme,
So it is not shown in Figure 6.6.

e Detached ADPCM: The explained method with differéut

The performed tests aimed to evaluate DADPCM in terms of its voice quality, its data rate
and its required processing time. The results are explained in the following subsections.

6.4.1 Voice quality

The audience was asked to judge the regenerated voice based on its quality (Appendix C).
The tests were done with different loss rates. Figure 6.6 shows the result.

The result implies that the silence substitution and packet repetition schemes cannot cope
with more than 10% loss rate and their related voice quality decreases drastically with upper
loss rates. The DADPCM scheme without any important bytes (0% overhead) has better
guality even with a very high drop rate. FEC has almost the same voice quality as DADPCM
without important bytes, but it increases CPU overhead for decoding its LPC part. The more
overhead it has, the better quality it achieves. The chart shows that with 24% overhead,
DADPCM has quite good quality even when it loses half of its packets. The quality of
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Figure 6.7: DADPCM voice quality versus data rate.

regenerated voice with DADPCM is double compared to other schemes, even with 10%

overhead under 20% loss rate.

6.4.2 Datarate

DADPCM has 32000-bit/sec data rate when it has no important bytes. Bit rate increases
when the number of important bytes goes up. In lossy networks, the more lost packets in
the network, the less received packets at the active node or at the receiver. So when the
number of lost packets increases, the number of received bytes decreases and consequently,
the total bit rate decreases. Figure 6.7 shows the average quality versus received data rate at

the receiver.
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Figure 6.8: DADPCM processing time versus overhead.

It shows that even with 20-kbit/sec data rate, the received voice has good quality (eight
out of ten score).

6.4.3 Processing time

In DADPCM, the total amount of processing that must be done by end users, as well as
the processing time that must be reserved in active nodes should be considered. In order
to evaluate the DADPCM routine in a practical test, the active node was implemented in a
computer with Pentium IV-2.4 GHz as processor and 512-MByte RAM. In the worst case,
the lossy network appeared to drop all odd packets (50% drop rate) and the active node
had to regenerate them from its received even packets. The average processing time that
is needed to recover each lost packet was measured. The packet recovery time varies with
M parameter and chart 6.8 shows the recovery time versus packet overhead on the above-
mentioned computer.

It can be seen that increasing packet overhead from 0 to 38% (with decréd3ing
creases recovery time from 40.6 to 4g$ec.

Chart 6.9 shows the increased percentage of voice quality and recovery time versus the
packet overhead\().

It implies that with 20% packet overhead, the recovery time increases 10% and the voice
quality increases up to 25%.
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Figure 6.9: DADPCM quality and processing time versus overhead.

6.5 Important samples

Inserting important samples from one packet to another packet helps voice coding schemes
regenerate lost packets. In lossy networks, the more important samples a packet has, the
better voice quality it generates. Unfortunately, inserting these redundant data makes long
packets. Therefore, optimum amounts of important samples are desired to use in all packing
schemes. DSPM and DADPCM use (5.1) to choose important samples. These schemes
use RTCP based messages to adjustith@arameter to keep the voice quality high and

the redundant data low. This Section introduces four other methods for choosing important
samples.

6.5.1 Fixed-sized packets

It has been observed that using (5.1), the packet length varies witlf tharameters. This
method proposes adjustingd to meet a predefined amount of redundant data. To do this, a
simple program that changé$ and measures the overhead, is written. Comparing measured
overhead by the predefined overhead in a loop, the program increases or degfetses
achieve the desired amount of redundant data. In view of the fact that, this method increases
CPU overhead to adjust thg parameter, it is not studied in detail.

6.5.2 Fixed distortion

Suppose that voice samples are divided into segments of IéngithenV is an even num-
ber.z(n) as a segment is separated into two streams with even-numbered and odd-numbered
samples. Using (5.1), some important samples are calculated and inserted into each stream.
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As a worst case scenario, consider that all odd samples are lost. The lost samples can be esti-
mated by linear interpolation and they can be modified by important odd samples available in
the even stream. Using these datg@;) which contain the original even samples, estimated
odd samples and original important odd samples are gained. A Distortion-to-Origin Ratio
(DOR) is defined by

poR — Lz (2li) — #(0)”
>imo (z(1))?

Obviously, the lower thel/ parameter, the more important the samples from the odd

(6.1)

series to the even series, and the lowerfl@R.

Figure 6.10 shows the relation betweB® R and theM parameter for 16000-byte of a
voice sample. It is presented that with loW, DOR is very low, and when\/ increases,
DOR increases until it reaches saturation point (0.036 in the Figure). The relation between
the overhead and/ is shown in Figure 6.11.

As expected, whed/ increases, the overhead decreases. Combining these two figures,
the relation betwee®O R and the overhead is shown in Figure 6.12.
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Figure 6.13: A voiced segment contains high frequency.

Obviously, the higher the overhead, the lower th&R. In Figure 6.10, this method
emphases the determining of a predefingdR?, and finding its relevant/. Different voiced
segments are tested and it is realized that the cury& R versusM changes by the nature
of the voiced segment. Voiced segments shown in Figure 6.13 adel’iB versusM in
Figure 6.14, and also voiced segments shown in Figure 6.15 ard(t8 versusM in
Figure 6.16 are two examples of the voiced segments of a speech and their fafed

curve.

As expected, for a constanf (namely, 0.2),DOR in the first voiced segment is higher
than DOR in the second segment (0.12 compared to 0.04). Due to the higher frequency
components in Figure 6.13 compared to Figure 6.15, it is clear that the first voiced segment
should have higheDO R than the second one. Therefore, using a high-pass filter, the power
of high frequency components of a voiced segment is measured. The calculated power is di-
vided by the power of the voiced segment to gain a Relative High Frequency Power (RHFP).

It is observed that the higher theH F'P in a voiced segment, the higher th8OR in
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Figure 6.17: DOR versusM for four classes.

a specificM. Consequently, it is possible to classify the voiced segments based on their
RHFP and determine\/ from a DOR_M table assigned to each class. As a result, the
following steps provide a procedure to find &hfor a predefinedOR.

e Determine the signal power.

Apply a high pass filter to the voiced segment and calculate the power of the passed
signal.

calculateRH F P by

power of high frequency components

RHFP =

(6.2)

stgnal power

Find a class and relatddO R_M table for the class.

Determine thel/ parameter by looking up the table.

Based on the measurements of 16000 bytes of female speech samples, voiced segments
are divided into four classes with the followidgy? F' P specifications

class 1 : RHFP < 1,
class 2 : 1 < RHFP < 5,
class 3 : 5 < RHFP < 10,
class 4 : 10 < RHFP.

Figure 6.17 show®OR versusM for those classes.

It is proposed to use four tables based on the four curves of Figure 6.17 to determine an
M parameter for a giveWOR. In contrast with the first method, this procedure does not
need a great deal of processing time due to the nature of the look up table method.
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6.5.3 Next correlation

This method is based on calculating the covariance between a voice stream started from the
k' sample and another stream started fromithel* sample of a voice segment. Similarly
to the previous method, voice samples are divided into segments of I&hgthenN is an
even number. Samples starting fréanand ending ak + N — 1 are extracted and stored in
x(n), and samples starting frobn+ 1 and ending at + NV are extracted and storedgi(n).
Therefore,xz(n) andy(n) are two equal sized streams of a voice segment which have only
one sample difference in their starting points.

To be independent of the amplitude, batfn) and y(n) are normalized by dividing
them by their power. Using the covarianceadi) andy(n) and the variance of(n), an
UnSeemly-FactoUSF) is defined by

cov(,y)

USF = 100(1 — (6.3)

var(x)

Obviously, when the difference between two consecutive samples are low (the next sample
can be estimated by its previous one), the covariance is high and USF is low. Conversely,
when the next sample is totally different to its previous sample, the covariance is low and
USF is high. Therefore, USF as a criterion of similarity between even and odd samples
of a voice segment can help schemes determine\thparameters for the (5.1) formula.
Figure 6.18 shows the relation between USF and the number of important bytes in different
equal-sized voice segments with differédt() is normalized by the power af(n)).

It can be seen that high USF has the same impact on the number of important bytes as the
low M. Therefore, it is possible to estimaté based on the USF value of a voice segment.

107



Chapter 6. Detached Adaptive Differential Pulse Code Modulation (DADPCM)

6.5.4 Modified fixed distortion

This method sets out to choose ah parameter to meet a predefined distortion when a
packet is lost. As in Subsection 6.5.2, suppose that voice samples are divided into segments
of length NV, when /N is an even number. Each segment is classified as voiced or unvoiced
based on its energy:(n) as a voiced segment is split into two streams with even-numbered
and odd-numbered samples. As a worst case scenario, suppose that all odd samples are lost,
theny(n) is defined by

x(n) n =2k

y(n) = (6.4)

w n=2%k+1, where:OSkS%—l.

To be independent of the amplitude, betn) andy(n) are normalized by dividing them
by the power ofc(n). Letw(n) denote an array of lengtN and defined by

w(n) = (e(n) —y(m)>,  0<n<N-L (6.5)

Thew(n) hasy of squares of the distance betweeg(m) andy(n), and5 zero elements.
Thenw(n) is sorted in descending order. A simple program starts from the biggest element
of w(n) and attempts to eliminate the elements in such a way that the sum of the rest of
the elements ofv(n) become less than the predefined distortion multiplied by the power of
x(n). The index of the last eliminated element helps the program find a pdpiterto the
related element in(n). The M parameter would be

x(ptr — 1) —zkx(ptr +1) z(ptr)]. (6.6)

Having theM parameter and (5.1), the program chooses the important samples from the
current segment and inserts them in related packets to compensate the lost effects. Thus,

M = |

this method tries to find thé/ parameter for each voiced segment of a speech, based on
the distortion of the voice when half of the samples are Idgt.varies from segment to
segment based on the segment specification. Using the deterfinied each segment,
z(n) is defined by

x(n) n =2k
z(n) =9 y(n) n=2k+1 if |z(n)—y(n)| <M (6.7)
x(n) n=2k+1 if |z(n)—y(n) > M.

Normalized distortion before compensation is defined by dividing the powemof— y(n)
by the power ofc(n) as

Dist_before = Z’]:Ol(x(l) — y())’ (6.8)

Sy (x(1)?
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Figure 6.19: Relation amongV/, Dist_before and Dist_after in a 18 kbyte

voice samples.

and normalized distortion after compensation is defined by
i (x(i) — (i)
N T, . (6.9)
>izo ((i))
Figure 6.19 show3a/, before and after distortion compensation of 45 segments, 400 bytes in
length, from 18000 bytes of female speech.

Dist_after =

It can be seen that by varying from segment to segment, the high amount of distortion
before compensating changes to a low amount of distortion after compensating (considering
that the distortion after compensating must be less than the predefined distortion which is
0.002 in the Figure). The program is implemented in Matlab on a Pentium IV - 2.4 GHz
computer and it is revealed that each voiced segment needsse@0of processing time to
be completed.

6.6 Summary and conclusion

DADPCM is based on splitting voice samples into two streams and packing them in two
packets. It extracts important samples from one stream and inserts them into another stream.
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Consequently, its packet length varies from packet to packet. The tests demonstrated that
DADPCM as a voice-packing scheme based on ADPCM principle shows markedly better
voice quality compared with the other recovery schemes in VOIP even in a severely lossy
network. Its data overhead and processing time has been tested and in spite of increasing
these two parameters by inserting important samples, the scheme produces good voice qual-
ity despite high packet loss rate. The tests showed that the more important bytes it has, the
better the voice quality achieved at the receiver. To find important samples four different
methods are examined and in comparing their specifications, it is revealed that the Modified
fixed distortion method offers a quick and accurate way to choose the important samples.
Comparing DADPCM processing time (Figure 6.8) with the processing time required by
the FEC scheme (Subsection 10.6.3), it can be concluded that DADPCM is a suitable method
for transferring voice samples in a very lossy network. The DADPCM algorithm is modified
to DADPCMS5 in order to tolerate burst loss which is explained in the next chapter.
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Chapter 7

Detached Adaptive Differential Pulse
Code Modulation 5 (DADPCM5)

This Chapter explains DADPCM5, a modified version of the DADPCM scheme, which copes
with the burst packet loss problem in the network. The DADPCM5 algorithm converts the
voice samples to codes, transmits those codes toward the receiver, and regenerates voice at
the receiver. The main idea of DADPCM5 is the same as the basic idea of DADPCM but
this scheme divides voice samples into five streams and packs them in five packets. More-
over, DADPCMS5 improves the procedure of selecting important samples and applies more
accurate important samples in the packets. The following subsections describe DADPCMS5,
based on its sender, receiver and active node routines, and gives some of its test results.
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7.1 Sender routine

The DADPCMS5 sender routine gets voice samples and divides them into 400-byte blocks
taking the following steps on each block:

7.1.1 First step: Separate samples

For the sake of simplicity, this step is explained without compression, as it is the main idea
behind ADPCM. Each block is formed by 400 samples as

X07X17 T 7X399-

The Sender routine separates every fifth samples, and puts each in a separate stream [23].
Consequently, there will be five streams, each \@ith‘ block samples (80 byte length),
Xo, X5, e 7X395
Xl; X67 e 7X396
Xo, X7, X3o7
X37 X87 e 7X398
X47 X97 e >X399-

If each stream is packed and sent to the receiver via the Internet, some streams might
be lost. DADPCMS5 would be able to reconstruct the lost packets from the other available
packets in the receiver or in the active node in the network in the same way as in DADPCM
routines. Each lost sample can be estimated by a simple linear interpolation given by
Xi + Xipo

Xiy1 = 5

(7.2)

Using this method, it is possible to regenerate the lost packet in an active node and in-
sert it into the network. To have better voice quality, the algorithm would find and mark
important samples of the original voice and transmit them in two consecutive packets. For
instance, ifX;, is detected as an important sample, the sender routine packs a packet with
X4, Xi11, Xiye, - -~ and it packs another packet wifty_s, X; 1, X;2, X;47,---. There-
fore, the important sampleX;, ;) will be transmitted twice. The sender routine marks the
important samples in the packets and lets the receiver know that it is not an ordinary byte.

DADPCM introduces CPU demanding methods to chabkeThis coding scheme im-
proves the simple routine introduced in DSPM to pick more accurate samples. In DSPM if
Xt X;| > M, thenX, is marked as an important byt&/(is a predefined threshold).

Suppose that/ is set to 150 whelX; varies between 0 and 65535. In Figure 7.1.a, as the
value of X, is 200 higher tharX; and X, it will be marked as an important byte. But in
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Figure 7.1: Voice samples with different amplitudes.

Figure 7.1.b theX;_; will not be marked because it is only 120 higher thanXhend X, .
To improve this procedure DADPCMS5 uses a relative way to choose the important samples.

The new procedure divides the difference between the calculated average and the main
byte by the main byte.Therefore, if

’ Xic1+Xit1 Xz‘

2
| Xi| + 1

> M, (7.2)

thenX; will be marked as an important sample. This formula can be written as

Xio1+ Xip1 —2X;
12X+ 1

| | > M. (7.3)

Using the above formula, the DADPCMS5 sender routine chooses some important samples
and inserts them into the next packet. Same as DADPCM and in one hand, using a large
M, packets have short length, but the resulting regeneration is not very accurate. On the
other hand, using small/, the packets will have long length which will generate accurate
reconstructed samples. Again, thé parameter determines the amount of redundant data,
which is not required if all packets are received at the destination. In shiodefines the
amount of overhead that DADPCM5 adds to the voice samples. Important samples from the
first stream are extracted and inserted into the second stream and important samples from the
second stream are inserted into the third one etc. In the end, important samples of the last
stream are inserted into the first one as is shown in Figure 7.2.
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Figure 7.2: Allocation of important samples in DADPCM5.

7.1.2 Second step: Encoding and decoding samples

This step receives a stream from the first step and applies the ADPCM compression algorithm
to it. The algorithm encodes the difference between a predicted sample and the speech
sample, so it provides efficient compression with a reduction in the number of bits per sample
[83]. It converts each eight-bit voice sample to a four-bit ADPCM code. As with DADPCM,
DADPCMS5 inserts three bytes as decoding coefficients in all packets. Consequently, each
packet can be decoded individually.

7.1.3 Third step: Packing the encoded samples

This step receives coded samples from the second step, inserts decoder coefficients and the
location of important bytes to prevent them appearing twice at the output. As each important
byte is coded in four bits, it forms half of a byte of a packet. Therefore, the sender must mark
each important nibble in the packet.

In the end, there will be five packets namBg P,, P, P; and P;. The sender tries to
send them in such a way that no two consecutive voice samples will be transmitted in two
consecutive packets. Therefore, the sender rearranges the packets and sends them in the
order of: Py, P, Py, Py, Ps as shown in Figure 7.3.

This transmitting scheme allows DADPCMS5 to cope with burst losses as well as individ-
ual losses. For instance, suppose that the second and the third transmitted packets are lost
within the network. The receiver (or the active node) can regenerate the, - - - samples
by x4y, x¢,--- andzs, zg, - -- from the arrived packets. Using the important samplegxof
that is available inP;, the receiver can achieve a better estimation of the lost samplesn
be estimated by, and P;, and using its important samples iy, the receiver will produce
good voice quality even when the network loses two consecutive packets. The structure of a
packet for DADPCMS5 is the same as the packet structure for DADPCM in Figure 6.3.
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Figure 7.3: DADPCMS5 packet arrangement.

7.2 Receiver routine

In order to regenerate the voice samples, the receiver program is written on an event-driven
basis and based on the state of a voice flow and its input events. The software that is written
based on the SDL format has 32 states and 9 events per state. The whole SDL’s of the receiver
routine is available in Appendix B. This routine checks the voice flows and regenerates sound
based on the number and position of the arrived packets.

7.2.1 Noloss

On receiving all 5 packets of a segment (no loss detected), the receiver decodes the packets
separately and merges the samples into one voice stream. The receiver also deletes the
important codes using their addresses.

7.2.2 Individual loss

Losing a packet in the network, the receiver decodes other arrived packets to obtain voice
samples. The samples are divided into main and important codes. As was mentioned in
the third step of the sender routine, the receiver interpolates all the samples of the previous
and the following packets adjacent to the lost packet and collects the voice samples. Using
important samples of the lost packet, located in the following packet, the receiver gains better
sample estimation and sends the result to the output stage.
If two lost packets of a block are detected, the DADPCM5 receiver routine decides to

regenerate them based on their location. The receiver checks the sequence of the lost packets
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before rearranging. For instance, althoughand P, are consecutive packets in the network,

if they are not available at the receiver, they are considered as two individual lost packets
because they were not consecutive before rearranging. So DADPCM5 generates them based
on what it does in a single packet loss situation.

When the two lost packets are consecutive there is no way to regenerate accurate samples
because a series of voice samples and their important bytes are lost. For example, suppose
that /y and P, are lost. Having the important samplesmfin P, the routine copies the,
as P, and then it generatek, from the arrivedP, and regeneratef;. So in this case, the
estimation error is higher than in the previous case.

7.2.3 Heavy burst loss

Where there are three or four lost packets of a block, the routine does the same as mentioned
in the two consecutive packet loss situations and regenerates the lost packets.

7.3 Active node routine

Each active node receives a packet, saves it and transmits it toward the other nodes or to the
receiver. Detecting a lost packet, the node uses the same routine as the receiver to reconstruct
voice samples. Eventually the regenerated packet is sent to the other nodes or to the receiver.

7.4 Results of DADPCM5

In a series of tests, 64000 bytes of a native English-speaking woman'’s voice samples were
selected and packed at the sender. The lossy link discarded some packets and the active node
had to regenerate the lost packets. Using NS-2, four schemes were tested to compare their
perceived speech quality after passing through the lossy link.

e Silence substitution: It uses 64 kbps PCM codes and it makes a packet with 20 ms
length. It inserts silence instead of the lost packets.

e Packet repetition: Same packing method as the silence substitution but it repeats the
last arrived packet in place of the lost packet.

e FEC: It uses 64 kbps PCM codes of a segment and 6.4 kbps LPC codes of its previous
segment to make a packet.
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Figure 7.5: DADPCMS5 quality versus data rate.

e DADPCM5: uses various values of .

The tests aimed to evaluate DADPCM5 in terms of its voice quality and its required
processing time. The results are explained in the following subsections.

7.4.1 Quality versus data rate

In the test, a very lossy network which loses 40% of packets is considered. The number of
occurrences versus the number of consecutive losses for this burst loss pattern is shown in
Figure 7.4.

The audience was asked to assess the regenerated voice based on its quality (Appendix
C). Figure 7.5 shows the relative quality of the voice versus its overhead percentage.
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Figure 7.6: Comparison of voice quality of different schemes (individual losses).

7.4.2 Quality versus loss rate

These tests were done with different loss patterns and rates.

Individual loss

Figure 7.6 shows the result of the tests that were done with different loss rates when the lost
packets were individual. This loss pattern is likely to happen when the network suffers from
bit error problems.

The result implies that the voice quality of silence substitution and packet repetition
schemes decreases drastically with upper loss rates. DADPCM5 scheme without any im-
portant bytes (0% overhead) has good quality even with a very high drop rate. The more
overhead it has, the better quality it achieves. The chart shows that with 40% overhead,
DADPCMS5 has good quality even at 40% packet loss. The quality of regenerated voice
with DADPCMS5 is significantly higher than with the other schemes even with lower over-
head. Besides, the chart shows that FEC offers better quality than DADPCMS5 in low loss
rates. Considering the high amount of processing time needed by FEC to decode its LPC
part, it can be concluded that DADPCMS5 offers almost the same quality as FEC with lower
computing time.
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Figure 7.7: Comparison of voice quality of different schemes (burst losses).

Burst loss

In another test, the background traffic, bandwidth of bottleneck link, and other simulation
parameters were adjusted to generate burst losses. This loss pattern, which is matched well
with the Gilbert model, is likely to happen when the network suffers from congestion prob-
lems.

Figure 7.7 presents the results of the tests. It shows that silence substitution and packet
repetition cannot cope with high burst loss rate. It can be seen that FEC offers better quality
than DADPCMS5 in low loss and DADPCMS offers better quality than FEC in high loss rates.

7.4.3 Processing time

As in Subsection 6.4.3, the active node was implemented in a computer with Pentium IV 2.4
GHz and 512-MByte RAM running Windows 2000. In the worst case scenario, the lossy
network dropped half of the packets and the active node had to regenerate them from its
received packets. The average processing time that was needed to recover each lost packet
was measured. The packet recovery time varied Witland Figure 7.8 shows the recovery
time versus the packet overhead.

It can be seen that increasing packet overhead from 0 to 39% (with decréd3ing
creases recovery time from 82.3 to 11pgkc. In DADPCMD5, on one hand, decreasivig
increases the packet overhead and also increases recovery time while on the other hand, it
increases the quality of the regenerated voice in the receiver.
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Figure 7.8: DADPCMS5 processing time versus overhead.

7.5 Summary and conclusion

DADPCM5 as a modified version of DADPCM can cope with burst packet losses in the
network. It splits voice samples to five streams and it extracts important samples from one
stream and inserts them in another stream. Therefore, it produces different length packets.
Rearranging the packets before transmitting them, makes DADPCMS5 an applicable voice
packing scheme for a burst loss environment. The performed tests evaluated its efficiency in
regenerating lost voice packets in the network. The tests showed that the scheme produces
much better quality compared with the other schemes even in a burst loss situation. The tests
showed that the more important bytes it has, the better the voice quality it achieves at the
receiver. Comparing the test results in an individual loss situation reveals that DADPCM5
has worse voice quality than DADPCM but it can be used to cope with burst loss problem.

120



Chapter 8

Detached Fourier Coefficients Packing
Method (DFCPM)

This voice-packing scheme works based on sending the discrete Fourier transform coeffi-
cients of a voice segment and regenerating the voice by applying the inverse Fourier trans-
form routine to the arrived coefficients at the receiver. In this Chapter the whole idea of
transmitting the coefficients followed by some of the successful and unsuccessful experi-
ments is explained.
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8.1 Discrete Fourier Transform

Suppose that voice samples are divided into some segments of 1&hgtbonsidering a
segment as a finite-length sequence ©f), the amount of:(n) outside the rangé < n <
N — 1 will be zero. A finite-duration sequenaén) of length N has a Fourier transform of

X(w) = x(n) e, 0 <w <27, (8.1)

WhenX (w) is sampled at equally spaced frequencigs= 27k /N andk =0, 1,..., N —
1, the Discrete Fourier Transform (DFT) ofn) can be calculated by

X(k) =Y x(n)e?? /N 0<k<N-1. (8.2)
Its Inverse Discrete Fourier Transform (IDFT) will be [42]
1 N-1
_ - j2rkn/N o
2(n) = kzzo X (k) € ., 0<n<N-1 (8.3)

Definingwy = e 72™/V | the formulae can be written as

X(k) =) a(n)wy, (8.4)
and
| V-l
z(n) = N X (k) wyt™. (8.5)
k=0

X (k) as DFT ofz(n) has some important properties that must be considered. It can be
written as a series of complex numbers suchdas B: with different orders except the
0" order, which is a pure real number representing the DC component of the voice segment.
QuantitiesA and B present the amplitude of cosine and sine waves with the frequency related
to their order. Suppose that theé" order coefficients ok (k) is X (m) = A+ Bi. It presents
a cosine wave with the frequency@]{;—l and amplitude o% and a sine wave with the same
frequency and amplitude 6. If z(n) is a discrete signal witt\' samples, theX (k) will
haveN series of complex coefficients. Therefore, the voice sender routine can extract all
complex coefficients of the voice segment and transmit them to the receiver. The receiver can
easily regenerate the voice using (8.5). The real part of IDFT of the received coefficients will
be the voice, which must be sent to the output stage. Deeper investigation of the coefficients
reveals that the second half of the complex coefficientX ¢¥) is conjugated with its first
half, so it is not necessary to send all the coefficients to the receiver. The sender routine can
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send half of the coefficients and the receiver can easily regenerate the main signal [23]. To
calculate DFT of a signal with the length &f, the direct evaluation require$? complex
multiplication and additions, and for larg¥, it is rather costly in computing time. To

find a faster way to calculate DFT, it is necessary to pay attention to some of the DFT’s
properties. The linearity property of DFT is favoured, which is explained as follows. If two

finite-duration sequences of (n) andxs(n) with the length ofN are linearly combined as
in

r3(n) = azi(n) + bxa(n), (8.6)
then the DFT ofe3(n) is

with the duration ofNV. This property is used in the decimation in time Subsection.

8.2 Decimation in time

If the length of a voice segment is an even number, it is possible to separate the segment
into two streams, a stream with all even-numbered samples and another stream with all the
odd-numbered samples as it is shown in Figure 8.1. It then follows that

N

Teven(l) = z(2n), 0<n< 5 1 (8.8)
and
N
Toaa(l) = x(2n + 1), 0<n< 5 1. (8.9)
Their DFT are given by
81
Xeven(k) = xevena) w%k (810)
1=0
and
21
Xoaa(k) = woaa(l) w™. (8.11)

As each stream ha% samples, DFTs of these sequences will h%\/points. In other

words, they may be treated as two periodic sequences with the peri%cpofnts. Substi-
tuting the new variable as
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Figure 8.1: Decimation in time for a voice sampign).
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n = 2r, for n even
and
n=2r+1, for n odd

the formulae can be written as

81 J-1
X(k) =S z@)wd* + S 2@+ 1) w( Tk
r=0 r=0
§-1 Ei
=) a2r) (wi)™* + wh > w2+ 1) (wi)™ (8.12)
r=0 r=0

Calculating those DFTSs, two series of complex coefficients will be generated. The sender
transmits these two series to the receiver and the receiver which requires the DFT of the

entire sequence obtains the whole DFT by

N
N

X(k) = > (even(l) W™ + Zoga(l) w+D*). (8.13)
=0

Considering the properties of DFT, it can be calculated by

51 -1
Xk) = Tepen(l) 0 +u* Zogq(l) wk (8.14)
1=0 1=0
or
X(k) = Xeven(k) + w Xodd(k)~ (8.15)

That important result implies that instead of havisig operations, DFT can be calculated

with only N + NTQ operations, which is much less thsit when N is a big number [79]. At
the receiver, the main DFT can be achieved by

k
X(l{j) _ Xeven(k) + w Xodd<k)7 0 S (816)

k
Xeven<k - %) + wk Xodd(k — %), % < k < N —1.

8.3 Motivation

A voice segment can be regenerated using its DFT coefficients. The sender must calculate the
DFT of a voice segment, pack the DFT's coefficients and transmit them toward the receiver.
Using the coefficients, the receiver must make the complex coefficients and after applying
the IDFT formula, the real part of the result will be a voice that can be sent to the sound card.

Two subjects are considered.
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8.3.1 Compression:

Sending all the DFT coefficients needs a long packet, which is not suitable for the Internet.
Therefore, routines to make shorter packets that can regenerate the voice segment need to be
addressed. To have shorter packets, tests have been done that are explained in the following
subsections.

8.3.2 Lost packet effect compensation:

As some packets will be dropped during the transmission, it is desired to find a method
to pack the packets in such a way that the regenerated voice can tolerate loss during the
transmission. To do that, packets need a packing strategy that helps the receiver regenerate
the lost packets and reconstruct the voice at the receiver.

8.4 Experiments

To satisfy the compression and lost packet compensation aims, a number of experiments
have been conducted. The experiments tried to split a voice segment or its DFT coefficients
in such a way that they can generate two or more packets. Those packets were dropped
with different loss patterns. Using the arrived packets, the regenerated voice qualities were
studied. The following subsections explain some successful and unsuccessful experiments
and their related results.

8.4.1 First experiment

In this experiment a voice segment is chosen and using (8.4), its DFT coefficients are ex-
tracted. If the voice segment has samples, its DFT had complex coefficients. As the
second half of the coefficient is conjugated with its first part, it is not necessary to transmit
them toward the sender. A threshold was chosen and all the coefficients whose real and
imaginary parts are lower than that threshold, were deleted. A packet containing the real
and imaginary parts of the remaining coefficients is packed and sent to the receiver. At the
receiver, the real and imaginary coefficients are merged to make the complex coefficients.
The real part of IDFT coefficients generates the sound, which is sent to the sound card. The
quality of the sound depends on the threshold and it is obvious that the lower the threshold,
the better the achieved quality at the receiver. In a practical test with 1000 bytes of female
voice samples with different thresholds, the quality of the regenerated voice is tested. Table
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Table 8.1: Threshold and quality of a voice segment

Threshold| No. of bytes| Quality
0.001 994 10
0.01 984 10
0.1 862 10
0.5 446 10
0.6 382 9.5
0.7 336 9
0.9 282 8

1 258 7

Table 8.2: No. of bytes to send of a voice segment

Segment lengthh No. of bytes to send
40 12
42 20
44 14
118 38
120 60
122 34

8.1 shows the threshold, the number of bytes to send and the sound quality from 0 to 10 for
that voice segment.

In this experiment two points must be considered.

Data rate

It has been observed that with a constant threshold, the number of bytes to send is strongly
related to the length of the input voice segment. Table 8.2 shows the number of sending bytes
versus the segment length for a female voice.

It can be seen that changing the segment length from 118 to 120 and then to 122 causes a
drastic change in the sending bytes from 38 to 60 and finally to 34. Having an integer number
of complete periods of a waveform generates lower bytes compared with the non-integer or
uncompleted periods of that waveform.
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Table 8.3: DFT coefficients samples

Order | Coefficients
0 12 + 0i
1 13 + 14i
2 0
3 16 + 17i
4 0
5 18 + 19i
6 0
7 11 + 10i

Coefficient order

As mentioned in Subsection 8.1, in order to regenerate the voice, not only are the coefficients
important, but also their order must be considered. This experiment omits some coefficients
and sends the rest to the receiver. To indicate the order of the sent coefficientgrdeme
identifiersmust be inserted into the packet. Order identifiers are bytes in which some bits
related to the coefficient order are set. For example suppose that the coefficients, as shown
in Table 8.3 must be sent to the receiver.

With the non-zero coefficients, a byte with 0,1,3,5 and 7 bits set must be sent to help
the receiver put the coefficients into their proper order. Therefore, in the above example 11
bytes must be transmitted, ten bytes for five complex coefficients and one byte as an order
identifier. To sum up, the number of transmitted bytes is more than is mentioned in the Table
8.1.

8.4.2 Second experiment

In the second experiment, which includes some tests, a voice segment is chosen and its DFT
coefficients are extracted. As in the first experiment, the number of coefficients is reduced by
comparing them with a threshold. Tests are then performed on the real and imaginary parts
of the remaining coefficients.

Test one:

The real parts are packed in a packet and the imaginary parts are packed in another packet
and those packets are sent to the receiver (Figure 8.2).
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Figure 8.2: Packing scheme for test one.
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Figure 8.3: Packing scheme for test two.

Each packet contains its length, segment number, coefficients and their type and order
identifiers. It has been observed that when a packet is lost, the other arrived packet cannot
regenerate the voice segment and the sound has very poor quality. This result has occurred
even when the threshold is set to zero and all the coefficients are sent to the receiver.

Test two:

Setting the threshold to zero, this test splits the coefficients based on their order into two
packets. Even-numbered, ordered coefficients are packed in a packet and odd-numbered,
ordered coefficients are packed in another packet (Figure 8.3).

In this test each packet contains its length, real and imaginary parts of the specified coeffi-
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Figure 8.4: Packing scheme for test three.

cients and voice segment number. Itis revealed that on losing a packet, the regenerated sound
has very poor quality and therefore this scheme cannot cope with the packet loss problem
when transmitting voice over the Internet.

Test three:

In this test, the real parts of the even-numbered complex coefficients with the imaginary parts
of the odd-numbered coefficients are packed in a packet and the rest of the coefficients are
packed in another packet (Figure 8.4).

The practical test revealed that this packing scheme cannot cope with the packet-loss
problem and if a packet is lost, the regenerated voice has very bad quality.

8.4.3 Third experiment

This experiment tries to pack two consecutive voice segments in a number of packets in
order to estimate a lost packet of one segment from the other available packets. To do that,
two small equal-sized voice segments are chdsenr,) and the DFT coefficients of each
segment are calculated. Each DFT has two parts; so four different parts are generated. This
experiment examines packing those four components in two packets.
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Figure 8.5: Packets of test one.
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Figure 8.6: Packets of test two.

Test one:

The real parts of both segmerit®y, Ry2) are packed in a packet and the imaginary parts
of them are packed in another packet (Figure 8.5).

This test is the same as the first test in the second experiment and this packing scheme
cannot be used in lossy environments.

Test two:

Packing a packet witl® y; and/x, and packing another packet wilty, and/x; generates
two packets, which are shown in Figure 8.6.

Again this test failed to generate acceptable voice quality. With these experiments, it
must be mentioned that the quality of regenerated voice strongly depends on the length and
position of the two input voice segments. If they are similar or if they are two periods of a
periodic part of a voiced segment, the regenerated sound has good quality, but if they are not,
the regenerated sound cannot be classified as good sound.

8.4.4 Fourth experiment

Similar to the third experiment, this experiment tries to pack two consecutive voice segments

in a number of packets. Two small equal-sized voice segnienis,) are chosen and each

of them is separated into two streams (one with even-numbered samples and another with
odd-numbered samples). Therefore, the streams will be
N

2

r1(l) = x1(2n), 0<n<—-—1,
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Amplitude

0 20 40 60 80 100 12C
Sample No.

Figure 8.7: Periodic voice segment chosen for the fourth experiment.

N
r1,(l) = 21(2n + 1), 0<n< 3—1,
N
Toe(l) = xo(2n), 0<n< 5—1
and
N
Too(l) = xo(2n + 1), 0<n< 5 L.

The DFT coefficients of those four streams are calculated and as a result, eight series of
coefficients are generated. This experiment aims to find similar coefficients among those
parameters, so a lost one can be regenerated from the other ones. For example, if the real
part of x; and the real part of, were similar, it would be possible to pack each of them
in packets and regenerate one of them from the other one if a packet is lost. To check the
similarity, two voice segments have been chosen which are shown in Figure 8.7. The first
segment is chosen from thé to 56! sample and the second one is chosen fronitieto
112t sample of a voice segment.

All eight parameters (real and imaginary parts of each four DFT coefficients) are shown
in Figure 8.8.

It can be seen that, although real parts:gfandz,, have some similar sections, the real
parts ofz;. andx,. are not similar, and alséz,, and /x5, cannot be classified as similar
waveforms. To sum up, this packing scheme, that is based on packing the DFT coefficients
of even and odd numbered streams of two consecutive voice segments cannot tolerate lost
packets on the Internet.
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Figure 8.8: DFT coefficients of the chosen voice segment.
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Figure 8.9: Packets of test one.

8.4.5 Fifth experiment

In contrast with the previous packing scheme, this experiment packs only one voice segment
in two packets. A voice segment is chosen and is split into two streams (one with even-
numbered samples and another with odd-numbered samples of the voice segmenpt).

The DFT coefficients of these series are calculated resulting in four series of coefficients
(two real and two imaginary series).

Test one:

The real parts of each series are packed in one packet and the imaginary parts of them are
packed in another packet (Figure 8.9).
This test failed to generate good voice quality when a packet was lost.
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Figure 8.10: Packets of test two.

Test two:

The real part of the even series with the imaginary part of the odd series are packed in a
packet and the real part of the odd series with the imaginary part of the even series are
packed in another packet (Figure 8.10).

This test also failed to produce acceptable sound when a packet was lost.

Test three:

When a packet is packed with all coefficients of the even series and another packet is packed
with all coefficients of the odd series, the result is good enough to be studied in detail.
Therefore, this coding scheme referred to as Detached Fourier Coefficients Packing Method
(DFCPM) which is explained in the next Section. A modified version of DFCPM named
Enhanced DFCPM (EDFCPM) is explained later.

8.5 Detached Fourier Coefficient Packing Method (DFCPM)

The following subsections describe DFCPM based on its sender, receiver and active node
routines, followed by some of its test results.

8.5.1 Sender routine

The DFCPM sender routine gets sound samples and divides them into some 80 byte length
(10ms) segments. As in DSPM, the classifier routine classifies segments based on their
energy. Then the consecutive segments of like classification are joined together to make
blocks. There will be four block types, Voiced, Unvoiced and two transitions between them.
As was explained in the DSPM packing scheme, the unvoiced blocks are still packed with
their length and power so that a random noise generator could regenerate them at the receiver.
In order to pack the voiced blocks, they are sent to a specific packing routine in which the
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block is separated to odd-numbered and even-numidered:.) samples described by

ze(l) = z(2n), 0<n<S-1
2(n) — (8.17)
zo(l) = z(2n + 1), 0<n<f-1

whereN is the length of the input block. Using (8.10) and (8.11), DFCPM calculates the
DFT coefficients of these two series by

X, (k) = o (1) w?* (8.18)

and
Xo(k) =) ao(l) w*™. (8.19)
=0

As the input voiced block had samples, the:. will have % samples, soX. will have
% real and% imaginary coefficients [73]. Instead of havid¢? mathematical operation to
gain the DFT coefficients of the voice segment, DFCPM ctbes{%)2 operation because
of its packet length. As mentioned, the second half of iheis conjugated with its first
half, so DFCPM deletes the second half. As a restltwill have & real andf imaginary
coefficients.

In order to find the important coefficients, a threshold is applied. DFCPM finds the biggest
coefficients among all coefficients, multiplies it by the threshold and gets a limit (a better way
to calculate the threshold is explained in Subsection 8.5.4). The routine omits all coefficients
of X, less than the limit, and packs and sends the other coefficients to the receiver. Therefore,
the number of transmitted bytes depends\grthe threshold and the coefficientsXf. The
routine follows the same process f&y, so at the sender two packets will be available: one
packet for odd-numbered and another packet for the even-numbered samples of the block.

To regenerate the original sound, the coefficients and their locations must be transferred
to the receiver. The order identifiers in this scheme work as was explained in the first experi-
ment (Subsection 8.4.1). It is assumed that the coefficients are converted from floating-point
to a signed byte format, so it is necessary to transfer the maximum quantity of real and imag-
inary parts to regenerate the floating point coefficients at the receiver. The real and imaginary
parts of the even series are packed in a packet and the real and imaginary parts of the odd
series are packed in another packet (Figure 8.11).

The structure of a packet in DFCPM is shown in Figure 8.12.
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Figure 8.11: DFCPM packets.
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Real Coefficients
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Figure 8.12: DFCPM packet structure.
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Flow chart 8.13 describes the packing routine of DFCPM.

The whole sender routine of DFCPM is coded in Appendix B.

As the voiced-to-unvoiced and the unvoiced-to-voiced segments have different levels of
importance in perceptual voice quality, they are packed the same as voiced blocks but with
different threshold levels.

8.5.2 Receiver routine

The receiver routine is explained in two parts, one for the loss-less environment and another
one for a lossy communication.

Receiving both packets

Where both packetsX., X,) of a block are received, the receiver requiring the DFT of the
entire voice segment, generates the DFT using (8.15) as

—J2m

X (k) = X (k) +w* X,(k), w=e7nN . (8.20)

The easier way to calculate the result is using two half-length calculations with (8.16),
described by

(8.21)

Gaining theX (K), the receiver generates the Inverse Discrete Fourier Transform (IDFT)
of the X (K) to obtain the voice segments. The real part of IDFT will have the sound samples,

voice = real (IDFT(X(K))

and it can be sent to the sound card.

Receiving one packet

In case of losing one packet of the voice segment, the IDFT of the arrived packet will be
calculated. Applying inverse decimation in time to the real part of IDFT will produce a
sound, which must pass through a low pass filter to obtain better quality. DFCPM applies a
20" order low pass FIR digital filter with 3400 Hz cut-off frequency to the result. Flow chart
8.14 describes the receiving routine of DFCPM.

The receiver routine of DFCPM program is available in Appendix B.
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Figure 8.13: Flowchart of DFCPM packing routine.
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8.5.3 Active node routine

In active node, DFCPM benefits from both receiver and sender routines. The program checks
the voice flow and if a lost packet is detected, it regenerates the packet using both above-
mentioned routines.

8.5.4 Threshold

As discussed, the regenerated voice quality depends directly on the threshold. Also, the
number of transmitted bytes is related to the threshold. In short, the voice compression rate
and its quality depend on the threshold. The modified DFCPM program is written in such a
way that it needs a dateansmission rates an input parameter. A voice block is split into

two streams and each stream is sent to a section that calculates the DFT of that stream. An
array includes the bigger value between the real and the imaginary parts of each coefficient
of DFT which has been generated and sorted.

The program finds the length of the array and multiplies its length by the input data trans-
mission rate. The result is a number whose ceiling points to a specific cell in the array that
has the desiretimit. To find the important DFT coefficients, the real and imaginary parts
of each coefficient are compared with that limit, and if they are bigger than the limit, they
will be considered important coefficients. At the end of this routine, a series of important
coefficients will be generated in such a way that the series’ length is equal to the length of
the input block, multiplied by the input transmission rate divided by four.

For instance, suppose that 400 voice samples are fed to the DFCPM routine and it is
required that they be compressed by 60% (data transmitted rate must be 40%). The routine
generates two 200-byte streams. Using the DFT algorithm, each stream will generate 200
complex coefficients and half of them will be deleted because of their properties. The routine
will find a limit that eliminates 60% of the coefficients, so each stream will have 40 real and
40 imaginary coefficients making an 80-byte length voice packet. There will be two 80-byte
packets with a total length of 160 bytes that is 40% of the input 400-byte voice segment.

8.5.5 Result of DFCPM

To evaluate the DFCPM packing scheme, tests to examine quality versus data rate and quality
versus loss rate, were performed.
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Figure 8.15: DFCPM quality versus threshold.

Quiality versus data rate

A native English-speaking woman was selected and her 64000-byte voice samples were
packed with the DFCPM coding scheme with different transmission rates. The audience
was asked to judge the voice quality and assess the reconstructed voice (Appendix C). They
had heard regenerated voice samples with one or two packets (even or both even-odd DFT
coefficients at the receiver). Figure 8.15 shows the relative quality of those voice samples
versus the transmission rate.

DFCPM transmits 46500 bytes even with 100% transmission rate because it compresses
the unvoiced parts.

Quality versus loss rate

The quality of different coding schemes versus drop rate was investigated in another test.
Figure 8.16 shows the relative quality versus loss rate for DFCPM with 80% and 40% trans-
mission rates, silence substitution, packet repetition and FEC schemes.

It can be seen that in low loss rates, FEC offers better quality than DFCPM at the cost of
a higher data rate.

Processing time

In order to measure the voice-packing and regenerating time of DFCPM, some measurements
have been done. For the sake of simplicity, the DFCPM routine is written in Matlab code.
Therefore, an interpreter running on a computer with Pentium-1V 2.4 GHz and 256 MByte

141



Chapter 8. Detached Fourier Coefficients Packing Method (DFCPM)

1[0
8 T e
2
E
R 6 D N . T
%)
=
g 4 = DFCPM T=8096| A e
vd ~=- DFCPM T=40%
2 —+—Silence
TeeRepear TR
~—FEC
0 Ll Ll Ll b Ll
0 10 20 30 40 50

Lossrate (%)

Figure 8.16: Comparison of voice quality of different schemes.
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Figure 8.17: DFCPM processing time versus block size.

RAM running windows-2000 was used for the test. It has been observed that the time for
voice-packing and regenerating is independent of the threshold and is directly related to the
block length. The longer the block, the slower execution of the routine.

Figure 8.17 shows the processing time (including the packing and voice regenerating)
versus the block size for an active node.
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Figure 8.18: Packet structure for EDFCPM.
8.6 Enhanced Detached Fourier Coefficient Packing Method

(EDFCPM)

The main concept of this packing scheme is the same as DFCPM but it is enhanced by
carrying more important-data in each packet, which allows the scheme to tolerate higher loss
rates.

8.6.1 Sender routine

The EDFCPM sender routine gets sound samples and divides them into some 80 byte length
(10ms) segments. A classifier routine classifies segments based on their energy, and con-
secutive similar segments are joined together to make blocks. As in DFCPM, the unvoiced
blocks are packed with their length and power, thus a random noise generator can regener-
ate them at the receiver. The other blocks are sent by a specific routine in which the block
samples are separated to odd-numbered and even-nunibgred) series.

The DFT coefficients of both series are calculated and using a predefined transmission
rate, a limit is found which can eliminate some coefficients. As a result, the important co-
efficients are packed in two packets. In contrast with DFCPM, the EFDCPM routine uses
another transmission rate (which is lower than the first one) to generate more compressed
coefficients, which are called redundant coefficients. A packet is packed with the main coef-
ficients of the even series and the redundant coefficients of the odd series. Similarly, another
packet is packed with the main coefficients of the odd series and the redundant coefficients
of the even series. Figure 8.18 shows the structure of a packet in EDFCPM.

The amount of the redundant data depends on the second limit, gained from the second
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transmission rate as an input parameter. As with DFCPM, order identifiers, maximum real
and imaginary values, block length and other packet related components as mentioned in
Subsection 8.5.1 must also be added to this scheme.

8.6.2 Receiver routine

A routine for a loss-less and another routine for a lossy environment are explained in this
Section.

Receiving both packets

In obtaining both packet&X., X,) of a block, the receiver ignores the redundant parts in
each packet and regenerates voice based on the method mentioned in Subsection 8.5.2.

Receiving one packet

In this situation, the redundant part of the arrived packet is considered as the coefficients of
the lost packet, and the routine, regenerates voice, based on the two series of coefficients. To
sum up, EDFCPM uses the same strategy for decoding voice, either when a packet, or when
both packets of a block, are received at the receiver. The EFDCPM'’s active node routine and
its threshold calculation are the same as previously mentioned for DFCPM.

8.6.3 Result of EDFCPM

The voice quality of EDFCPM is evaluated in terms of its data rate and its robustness against
the packet loss problem.

Quiality versus data rate

Voice samples of a native English-speaking woman were packed with different transmission
rates for main and redundant parts. In the test, a very lossy network which loses 50% of
all packets is examined. Therefore the regenerated voice is based on receiving only the even
packets. Figure 8.19 shows the relative quality of the voice versus the two transmission rates.

Quality versus loss rate

Considering three other coding schemes, Figure 8.20 shows the relative quality versus loss
rate for EFDCPM with first and second transmission rates set to 80% and 16% respectively.
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Figure 8.19: EDFCPM quality versus its two transmission rates.

In the tests, the transmission rate of the redundant part was selected as 20% of the transmis-
sion rate of the main part. It can be seen that it generates good voice quality even when it

loses 50% of its packets.

Processing time

As EDFCPM uses the same packing strategy as DFCPM, its processing time is almost equal
to that is measured for DFCPM.
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Figure 8.20: Comparison of voice quality of different schemes.
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8.7 Summary and conclusion

DFCPM and EDFCPM as two voice-packing schemes can satisfy the two motivation points,
which are compression, and lost packet effect compensation. They both work based on
packing important DFT coefficients of a voice segment in different packets. Therefore, their
packet length varies from packet to packet. Although DFCPM offers bass sound, compared
with the original voice, its quality is good enough to be considered as an acceptable voice-
coding scheme for VOIP. In contrast with DFCPM that cannot tolerate very high loss rate,
EDFCPM can offer good voice quality even with very lossy networks. Comparing the re-
sults gained by different coding schemes, it is revealed that EDFCPM is able to generate
good voice quality despite losing packets, but its processing time is its major weak point.
When an application uses short sized blocks (Figure 8.17) and when it needs an adjustable
compression rate (Figure 8.19), EDFCPM is a useful choice.
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Chapter 9

Enhanced Code Excited Linear
Prediction (ECELP)

This voice-packing scheme sends the extracted parameters of the Code Excited Linear Pre-
diction (CELP) model of a voice segment and regenerates the voice by decoding the pa-
rameters at the receiver. This scheme, Enhanced Code Excited Linear Prediction (ECELP)
is implemented in three programs with 13.2, 6.4 and 4.75 kbps data rates. This Chapter
presents the theory of transmitting and regenerating the parameters. The schemes and the
results of simulations are presented subsequently. The first Subsection describes the theory
of coding voice with 6.4 kbps data rate.
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9.1 Conjugate Structure Algebraic Code Excited Linear Pre-

diction (CS-ACELP)

Taking advantage of high correlation between adjacent samples and considering the fact that
speech signals are mostly stationary over relatively short time intervals, hybrid coders try to
extract a set of parameters from a speech and regenerate it by decoding the parameters at the
receiver [3]. They model speech by a linear filter and they estimate a speech samby

a linear combination of its previous samples, which is cdileear prediction codingLPC)

[91] defined by

z(n) = Z a;.x(n —1). (9.1)

A linear prediction filter that assesses the feasibility of determining a sample by the linear
combination of its previous samples, is the most important part of LPC. ITU-T recommenda-
tion G.729 defined an algorithm for coding speech signals at 8 kbps using CS-ACELP which
works based on linear prediction method. In this algorithm, after passing through a 300-3400
Hz band pass filter, the analog voice is sampled at 8 kHz to obtain 16-bit linear PCM codes.

Speech samples are divided into some 80 sample frames corresponding to 10 ms of
speech. Each frame is analyzed to extract the parameters of the CELP model [43]. The
parameters are encoded and transmitted to the receiver in a bit stream format. The receiver
uses these parameters to retrieve the excitation and synthesis filter parameters. Filtering the
excitation parameters through a short-term synthesis filter, the speech is regenerated and
is sent to pass through a long-term or pitch synthesis filter, which reproduces the speech
[96, 56].

9.1.1 Encoder

In G.729 encoder, the locally decoded signal is compared with the original signal. The filter
parameters are selected in such a way that they can minimize the mean-square weighted
error between the original and regenerated signals [28]. To do this, the input signal is passed
through a 140 Hz high-pass filter and scaled in the pre-processing block. A tenth-order
linear prediction (LP) analysis is performed once per 10 ms of frame to compute the LP filter
coefficients that are quantized in the Line Spectrum Pairs (LSP) domain with 18 bits. Figure
9.1 shows the encoding principle of CELP.
The input frame is divided into two 5 ms subframes. Interpolated LP coefficients are

applied to the first subframe and the quantized and unquantized LP filter coefficients are
used for the second subframe [50]. The excitation in each subframe is represented by a fixed
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and an adaptiveodebook The fixed codebook is for unvoiced sounds and the voiced sound
is simulated by an adaptive codebook, which represents the periodicity of the sound. The
pitch period is encoded with 8 bits in the first subframe and relatively encoded with 4 bits in
the second subframe. The fixed codebook is encoded with 17 bits for each subframe.

9.1.2 Decoder

The G.729 decoder principle is shown in Figure 9.2.

Parameter indices are extracted from the received bitstream and decoded to obtain the
parameters corresponding to 10 ms of speech frame [28]. These parameters include:
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o LSP coefficients,
e two fractional pitch delays,
e two fixed codebook vectors, and

e two sets of adaptive and fixed codebook gains.

The LSP coefficients are interpolated and converted to LP filter coefficients for each sub-
frame. Then for each 5 ms subframe the following steps are done.

e The excitation is constructed by adding the adaptive and fixed codebook vectors scaled
by their respective gains.

e The speech is reconstructed by filtering the excitation through the LP synthesis filter.

e The reconstructed speech signal is passed through a post-processing stage, which in-
cludes an adaptive post filter based on the long-term and short-term synthesis filter,
followed by a high-pass filter and scaling operation.

9.2 ECELP64

This algorithm works based on the ITU-T G.729 annex H recommendation, which is used
in some speech transmission systems because of its good quality and low bit rate. The
recommendation uses Conjugate-Structure Algebraic-Code-Excited Linear-Prediction (CS-
ACELP) algorithm to encode voice samples and it transmits the codes in 6.4 kbps data rate.
Analog voice is sampled at 8 kHz and is converted to 16-bit linear PCM codes. The codes
are separated into 80 sample size frames. A frame in turn is divided into two 5 ms subframes.
Each frame and its two subframes are analyzed to extract the parameters of the CELP model.
The extracted parameters and their lengths are listed as follow.

e From the whole frame:

o LP filter coefficients first codebook (8 bits), and

o LP filter coefficients second codebook (10 bits).
e From the first subframe:

o adaptive codebook (pitch period-8 bits),
o fixed codebook (9 bits),
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o fixed codebook sign (2 bits), and

o pitch and fixed codebook gains (6 bits).

e From the second subframe:

(@)

relative adaptive codebook (pitch period-4 bits),

@)

fixed codebook (9 bits),

@)

fixed codebook sign (2 bits), and

@)

pitch and fixed codebook gains (6 bits).

CELP extracts 10 parameters with the total length of 64 bits and transmits them toward
the receiver [50]. Therefore, each 80-byte speech segment is coded with 64 bits obtaining
6.4 kbps total data rate.

If each 64 bit segment is packed in a packet and sent to the receiver, the receiver can easily
regenerate the sound using its decoder. In a lossy network, some packets might be dropped
and consequently, the voice will have very poor quality. To cope with that problem, Wah and
Lin tried to separate a long voice segment to many small size parts and to encode the small
parts by the CELP algorithm [106]. They changed the frame size and they packed packets
by parameters of different parts of a segment. Although they did not insert redundant data in
their packets, they produced lower voice quality compared to CELP even under a loss-less
environment because they changed the frame size. In another approach, Yong proposed to
pack the LP and pitch parameters into high priority packets and pack the excitation vectors
into low priority packets [114]. The weak point of this method is that when a lot of low
priority packets are lost, there will be no received excitation vectors; therefore, the receiver
cannot decode the voice samples correctly. In contrast with their approaches, ECELP be-
lieves that where a frame is lost, it can be reconstructed by important parameters from the
original frame and unimportant parameters from the previous (or next) frame.

ECELP64 marks the following parameters as important ones.

e From the whole frame:

o LP filter coefficients first codebook (8 bits), and

o MSB bits of the LP filter coefficients second codebook (4 bits).
e From the first subframe:

o adaptive codebook (pitch period-8 bits), and
o MSB bits of the fixed codebook (4 bits).
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Figure 9.3: ECELP packet structure in individual loss.

e From the second subframe:

o pitch and fixed codebook gains (6 bits).

ECELP64 uses the above 30 important bits from each frame and 34 unimportant bits from
the next frame to regenerate the lost frame. To do that, the ECELP64 sender routine extracts
whole parameters of a frame and inserts them in a packet. It adds the important parameters
from the previous frame to this packet and sends the packet toward the receiver. Therefore,
each packet has its own whole parameters and the previous packet's important parameters.
Figure 9.3 shows packet structure for ECELP64 when the lost packets are individual.

The total data rate will be 9.4 kbps. In a lossy network, a lost packet can easily be
regenerated using the important parameters from the next arrived packet and the arrived
packet’'s unimportant parameters.

9.3 ECELP13

This coding scheme works based on the Regular Pulse Excited Long Term Prediction (RPE-
LTP) which has been adopted as the speech-coding method in the GSM 06.10 standard.
In RPE-LTP, the speech signal is divided into 160 sample frames and is pre-processed to
emphases the high-frequency component, partly compensating for its low energy [70]. An
eighth-order optimum linear predictor is applied. The reflection coefficients (related to the
filter coefficients) are nonlinearly mapped to another set of values called Log-Area Ra-
tio(LAR). The 8 LAR parameters are quantized using 6, 6, 5, 5, 4, 4, 3 and 3 bits. Then
the frame is filtered producing the signal). u(n) is then divided into 4 sub-frames (5ms
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each, 40 samples). Long-term prediction is performed for each sub-frame. The lag is quan-
tized to 7 bits and 2 bits represent the gain. Long-term prediction produces a signal named
e(n) which is down-sampled by a factor 3. For each sub-frame, there are 4 down-sample
patterns, needing 2 bits to specify the pattern used. The down-sanfpleldas 13 samples.
The majority of them is quantized to 6 bits, others are normalized then represented by 3 bits.
Therefore, in each sub-frame(n) is represented by 6+13*3 = 6+39 bits. A frame has 4
sub-frames, so in total 4*(6+39) = 180 bits are generated.

The extracted parameters and their length are as follow.

e From the whole frame:
o 8 LAR coefficients (36 bits).
e From each subframe:

o pattern code (2 bits),

@)

lag (7 bits),

@)

gain (2 bits),

coded maximum amplitude (6 bits), and

@)

normalize RPE samples (3*13 bits).

@)

Each coded frame has 36 bits plus 56 bits for each subframe. Totally, four subframe in a
frame makes 260 bits for each 40 ms speech frame, that is 13 kbps data rate.
ECELP13 marks the following parameters as important ones.

e From the whole frame:
o 8 LAR coefficients (36 bits).

e From each subframe:

o

MSB bit of pattern code (1 bit),

o

MSB bits of lag (5 bits),
MSB bit of gain (1 bit),

o

o

MSB bits of coded maximum amplitude (4 bits), and

MSB bits of normalize RPE samples (1*13 bits).

o

ECELP13 uses the above 132 important bits from each frame and 128 unimportant bits
from the next frame to regenerate the lost frame. Therefore, the total data rate will be 19.6
kbps.
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9.4 ECELPA475

This has the same principle as ECELP64 but it uses the Global System for Mobile commu-
nication - Adaptive Multi Rate for Narrow Band (GSM-AMR-NB) speech coder with 4.75
kbps data rate. In this algorithm, each 160 samples make a frame, which generates 17 pa-
rameters with the total length of 95 bits. These parameters can be grouped in three categories
with 23, 38 and 34 bits length respectively. ECELP475 names 23, 13 and 9 bits from these
categories as important parameters and adds these 45 bits from each frame to the next one, so
the total transmission rate will be 7 kbps. Apparently, in a lossy network, the more important
parameters the ECELP adds, the better voice quality it achieves.

9.5 Redundancy and loss rate

Bolot and his colleagues investigated the relation between the place and the amount of re-
dundant data and its efficiency in recovering the lost packets [8]. Hardman et al. proposed
that the placement of redundancies should depend on the network conditions [47]. In a low
loss environment, they put redundant data in the next packet and in a high loss situation;
they inserted them into the second next packet. ECELP uses the same strategy with more
dependency on the loss pattern. Based on the detailed drop rate reported by RTCP, ECELP
inserts whole parameters from one fraffg, plus important parameters from the previous
framel,_; in one packet when losses are individual. If the network suffers frequently from
two consecutive packet losses, ECELP makes a packetMyjtand/, 3 (upper scheme in
Figure 9.4). Having burst loss, ECELP inserts important parameters)frend andn — 3

frames to the whole parameters of fram¢lower scheme in Figure 9.4). In this situation,
ECELP switches to more than one series of important parameters, so the total transmission
rate will be 26.2, 12.4 and 9.25 kbps for ECELP13, ECELP64 and ECELP475 respectively.

Figure 9.4 shows the packet structure for ECELP64 in this situation.

Unlike the other ways of adding low bit rate redundancy to the main voice stream [47],
ECELP does not add any delay and it does not need any additional processing power to
calculate the important parameters. That is because it has all the previous parameters when
it is packing a new packet. Although in the last mentioned packing method, when many
consecutive packets are lost, the receiver has to wait for a few packets to reconstruct the lost
ones, this method can overcome 1, 2, 3, 4 and 5 consecutive losses. Even in a frequent burst
loss environment, it can generate good voice quality.
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Figure 9.4: ECELP packet structure in burst loss.

9.6 ECELP in active node

In a lossy environment, active nodes play an important role in improving the voice quality
with this scheme. Active nodes keep track of packets and detect the lost ones using the
sequence number provided by the RTP headers. The nodes can quickly regenerate the lost
packets using the important and unimportant parameters from the next arrived packet. The
active node processing time is negligible due to the fact that it only copies a few bits to
regenerate a lost packet. Although ECELP allows the receiver to regenerate the lost voice
samples in the traditional networks, active nodes can help ECELP produce a better voice
quality in a very lossy environment. As the active node does not encode and decode the
ECELP codes, voice quality degradation due to the tandem-encoding problem is not the case
for the simulations.

9.7 Results of ECELP

Voice samples of a native English-speaking woman were packed at the sender (Appendix C).
Using NS-2, six schemes were tested to compare the voice quality after passing through the
lossy link. They were

e silence substitution (64 kbps),

e packet repetition (64 kbps),
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Figure 9.5: Comparison of voice quality of different schemes (individual losses).

e FEC (ADPCM 32 kbps + LPC 6.4 kbps),
e ECELP64 (9.4 kbps),

e ECELPA475 (7 kbps), and

e ECELP132 (19.6 kbps).

The performed tests aimed to evaluate ECELP algorithms in terms of their voice qual-
ity using different loss patterns. The audience assessed the regenerated voices based on
their quality (Appendix C). As the ECELP13 produces almost the same voice quality as
ECELPG64, its results are not shown in the following figures.

9.7.1 Individual loss

Figure 9.5 shows the result of the tests that were done with different loss rates when the lost
packets were individual.

It can be seen that in low loss conditions, the schemes that use 64 kbps data rate have
better quality compared with ECELP methods. That is because the CELP 6.4, 4.75 and 13.2
kbps have less voice information (and quality) than PCM 64 kbps. The result implies that
the silence substitution and packet repetition schemes cannot cope with more than 10% loss
rate. The FEC scheme has better quality than ECELP in low loss rates because it has 32
kbps data in its ADPCM part. FEC generates glitches when its ADPCM and LPC decoded
parts are joined, as a result, its quality is lower than the ECELP scheme in higher loss rates.
The Figure shows that ECELP schemes can provide quite good quality even when half the
packets are lost.
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Figure 9.6: Comparison of voice quality of different schemes (burst losses).

9.7.2 Burstloss

In another test, the simulation parameters were adjusted to generate burst losses. In these
tests, ECELP methods use more than one series of important parameters.

Figure 9.6 presents the result of the tests. It shows that silence substitution and packet
repetition cannot cope with more than 5% burst loss rate. The FEC scheme fails to generate
good voice quality for the same reason, as mentioned in the individual loss Subsection.

9.8 Summary and conclusion

ECELP schemes, as three methods for packing voice samples work based on sending ex-
tracted parameters of the CELP model of a voice segment. A series of tests evaluated them
and the audience assessed the quality of their regenerated voice samples (Appendix C). The
tests showed that they produce much better quality compared with other ordinary schemes in
a very lossy network. Considering the fact that ECELP has a very low bit rate, it generates
reasonable sound quality in very lossy environments. Although ECELP introduces delay
in a burst loss environment, it generates good voice quality even when 66% of the packets
are lost. These routines can be implemented in active networks, so the active nodes can
regenerate some lost packets and insert them into the network.

Comparing the results gained by the tests, it can be concluded that ECELP can be used
to transfer voice over the Internet with low bit rate. It generates fixed-sized packets but, if
it detects a high burst loss situation (reported by RTCP packets), it switches to make use of
more than one series of important samples. Therefore, its packet length switches between
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two constant values.

160



Chapter 10

Complimentary Adaptive Differential
Pulse Code Modulation (CADPCM)

This voice-packing scheme improves Hardman'’s algorithm [47] by inserting redundant data
based on voice specifications. It uses two voice compression routines to generate voice
packets in order to make them robust against lost packets. This Chapter explains the routine
and some of its test results.
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10.1 CADPCM

This scheme uses Adaptive Differential Pulse Code Modulation (ADPCM) and Global Sys-
tem for Mobile communication - Adaptive Multi Rate for Narrow Band (GSM-AMR-NB)
methods to generate voice packets. The ADPCM algorithm converts each 16-bit voice sam-
ple to a 4-bit ADPCM code which is not only based on the current input sample, but also
based on the previous samples [83]. As is mentioned in the DADPCM scheme, CADPCM
inserts three bytes as decoding coefficients in all packets and consequently, each packet can
be decoded individually. In AMR-NB, voice samples are separated into 160-sample size
frames. A frame in turn is divided into two 10 ms subframes. Each frame and its two sub-
frames are analyzed to extract the parameters of the CELP model [1]. The 17 extracted
parameters are coded in 95 bits and are transmitted to the receiver, so the total data rate is
4.75 kbps. CADPCM uses the same packing strategy as Hardman et al. [47] (later used
by Podolsky et al. [77]) in individual loss conditions and it uses another strategy to pack a
packet in burst loss conditions. It uses ADPCM as the main voice-coding scheme and it uses
AMR-NB as a redundant coding scheme.

10.2 Packing scheme

The CADPCM algorithm gets sound samples and processes them in the following steps
[24]. In the first step, the algorithm divides sound samples into some 160-byte length (20
ms) segments. Using (5.2), a classifier routine segments are classified based on their en-
ergy. Segments with lower energy than a predefw@de-unvoice-thresholdre classified
asunvoicedand the rest are classedwasced The transitions between these two groups are
classed asoiced2unvoice@ndunvoiced2voicedegments. Next, it selects a segment and
encodes it based on its class.

10.2.1 Unvoiced block

For an unvoiced segment, a very short packet containing its power is generated. At the
receiver, a random noise generator can simulate this block if its noise power is adapted to
the power of the original unvoiced block. This parameter is mentioned as Noise-par in Table
10.1.
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Table 10.1: Packet payload length in CADPCM

Current Previous , Redundant| Payload
Main code

segment segment code length

Voiced Voiced ADPCM AMR-NB 80 +12

Voiced Unvoiced | ADPCM Noise-par | 80+ 12
Unvoiced Unvoiced | Noise-par 2
Unvoiced | Voiced2un | Noise-par 2
Voiced2un Voiced ADPCM AMR-NB 80 + 12

10.2.2 Voiced and Unvoiced2voiced blocks

As these segments have remarkable impact on the voice quality (Subsection 3.1), they must
be packed in such a way that they can be regenerated well if packet losses occur during
the transmission of them. So the CADPCM compresses these segments with an ADPCM

algorithm to get the main codes, and also compresses them with the AMR-NB scheme to get
redundant codes.

10.2.3 Voiced2unvoiced block

This block is not very important and losing this part of sound, does not have serious negative
impact on the sound quality. So CADPCM calls the ADPCM routine to compress this part.
The CADPCM algorithm packs a packet with the main code of the current segment and the
redundant code of its previous segment. Table 10.1 shows the possible packet configurations
and their length.

It can be seen that the packets’ payload lengths are varied between 2 and 92 bytes.

10.3 Redundancy and loss rate

CADPCM uses the same strategy as ECELP to pack a packet. Based on the detailed drop rate
reported by RTCP, CADPCM inserts the main code from one frafmeplus the redundant

code from the previous fram@,_; in one packet, when losses are individual. If the network
frequently suffers from two consecutive packet losses, CADPCM makes a packet/yyith
and R, _3. In the case of having three or more consecutive packet losses, CADPCM packs
a packet withM,,, R,,_3 and R,,_5. In this situation, CADPCM switches to make use of
more than one series of redundant codes. As mentioned in ECELP routines, when many
consecutive packets are lost, the receiver has to wait for a few packets to reconstruct the lost
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ones. This method can overcome 1, 2, 3, 4 and 5 consecutive losses. Even in frequent burst
packet loss conditions, it can generate good voice quality.

10.4 CADPCM in active node

Active nodes keep track of packets and detect the lost ones using the sequence number pro-
vided by the RTP headers. The nodes can regenerate a lost packet using the main codes from
the previously-received packet and redundant data from the currently arrived packet. If the
currently arrived packet has no redundant data, CADPCM interprets its redundant part as a
noise segment and generates a packet with the last-arrived noise parameters.

10.5 CADPCM at the receiver

CADPCM uses the same strategy as is use of in the active nodes to regenerate the lost voice
segments (lost packets) at the receiver, and it sends the regenerated voice to the output stage.

10.6 Result of CADPCM

A native English-speaking woman was selected and her 64000-byte voice samples were
packed at the sender (Appendix C). The lossy link discarded some packets and the active
node had to regenerate the lost packets. Using NS-2, three schemes were tested to compare
their voice quality after passing through the lossy link. They were:

¢ silence substitutions,
e packet repetitions, and
e CADPCM.

The tests aimed to evaluate CADPCM in terms of its voice quality, data rate and its re-
quired processing time. The results are explained in the following subsections.

10.6.1 Voice quality

The audience marked the regenerated voice based on its quality, from zero for unacceptable
to ten for very good (Appendix C). The tests were designed to evaluate CADPCM with
different loss patterns and loss rates.
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Figure 10.1: Comparison of voice quality of different schemes (individual loss).

Individual loss

Figure 10.1 shows the result of the tests that were done with different loss rates when the lost
packets were individual.

The result implies that the silence substitution and packet repetition schemes cannot cope
with high loss rate and their related voice quality decreases drastically with higher loss rates.
The Figure shows that CADPCM can provide quite good quality even when half the packets

are lost.

Burst loss

In another test, the simulation parameters were adjusted to generate burst losses. Namely,
when 40% drop rate was selected, the simulator dropped 117 single packets, 13 two consec-
utive, 6 three consecutive and 1 four consecutive packets out of 400 packets. In these tests,
CADPCM uses two series of redundant data, so the payload length varies between 2 and
104.

Figure 10.2 presents the results of the tests. Although CADPCM is delayed in a burst loss
environment, it generates good voice quality even when 66% of the packets are lost. To sum
up, the performed tests showed that CADPCM produces much better quality compared with
the other schemes in a very lossy network.

10.6.2 Datarate

ADPCM has a throughput of 32 kbps and CADPCM adds 4.75 kbps redundant data to each
packet, but the total data rate is less than 36.75 kbps. That is because CADPCM does not
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Relative quality
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Figure 10.2: Comparison of voice quality of different schemes (burst loss).

send a long packet when the speaker is silent and also, it does not send redundant data when
it is not necessary.

In the test with the selected voice samples, it was observed that in 254 cases voiced pack-
ets were followed by another voiced packet. The number of voiced packets followed by
voice2unvoiced packets was 30, and a total of 56 consecutive unvoiced packets were in the
network. The number of unvoiced packets followed by voiced packets was 30, and 27 con-
secutive voice2unvoiced and unvoiced packets were transmitted. According to the Table
10.1, the total number of transmitted byte was 28754 out of 64000 bytes. Therefore, the
transmitted data rate was 28.75 kbps, which is 28% less than 36.75 kbps and 11% less than
the standard ADPCM data rate.

10.6.3 Processing time

To evaluate the CADPCM routine, the active node was implemented in a computer with
Pentium 1V-2.4 GHz as processor and 512-MByte RAM running Windows 2000. The lossy
network dropped packets, which had to be regenerated by their related redundant data from
the following packets. It was found that each lost packet recovery needssEs9o decode

its AMR-NB part and 40.8:sec to regenerate its ADPCM part. In conclusion, there is the
cost of a 20Qusec recovery time for each lost packet.
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10.7 Summary and conclusion

A series of evaluation tests made manifest that CADPCM can be used as a voice-packing
scheme for VOIP. In tests, it was observed that in spite of inserting redundant data, CADPCM
has less data rate than the standard ADPCM and it can easily overcome the packet loss
problem in the network. CADPCM as a simple voice-coding scheme works based on packing
a packet by ADPCM codes of the current voice segment, plus CELP codes of its previous
segment. CADPCM inserts redundant data based on the nature of the speech, therefore, it
has a low data rate. Although CADPCM generates glitches when its ADPCM and ECELP
decoded parts are joined, considering its data rate, it generates quite good voice quality in
high loss rates.
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Chapter 11

Conclusion

This dissertation concludes by summarizing the contributions, the methodology and the ma-
jor results, followed by a future research plan. Voice quality degradation while transmitting
voice over the Internet as a lossy packet-switched network is addressed, and many new voice-
packing schemes that help VOIP regenerate lost packets and improve the voice quality, are
described.

11.1 Contributions

The following items are the principle contributions of this thesis.

e The VOIP voice quality profoundly depends on the number and location of the lost
packets. Therefore, packet loss, its pattern and its reasons are studied and many metrics
and methods to model the lost packets in the Internet are explained. The measured
packet loss shows that the number of consecutive lost packets is much smaller than
the number of individual lost packets. Using the results of network measurements the
models are evaluated and the Gilbert model is chosen for all simulations (Chapter 2).

¢ Investigation on the speech properties reveals that speech sounds can be divided into
four parts and a loss at the beginning of a voiced segment leads to significant degra-
dation in speech quality. In order to cope with the packet loss problem, many meth-
ods are explained and the network and receiver based recovery scheme is selected for
simulations. Current available protocols for transmitting voice over the Internet are
investigated and RTP/UDP/IP is chosen. As the voice packing schemes need to adjust
their voice coding parameters by a feedback on the network quality, RTCP is patched
to provide detailed information about the loss pattern (Chapter 3).

e Active network, its concept, its structure and its node specifications are studied and
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using the tunnelling and the VPN concept, a VAP is introduced and is used for simu-
lations. In order to benefit from an active node, an active packet is introduced and its
specifications are explained. In a theoretical aspect, it is mathematically proven that
an active node can improve the voice quality in a VAP.

Based on the measured Internet behaviour, a very lossy network is established and an
active node is implemented in its structure. The whole VAP is used for all simulations.

It contains a voice source, an active node, a voice destination and two ordinary nodes.
To have a practical simulation environment, four other nodes are installed that are
responsible for generating and handling the background traffic. The VAP has an end-
to-end loss model with adjustable parameters (Chapter 4).

DSPM as a voice-packing scheme based on transmitting uncompressed PCM samples
is introduced. It classifies speech samples into four segments and it splits a segment
into two streams and finds and inserts important samples of each stream to the other
one. To compress the transmitted data, it finds the similar parts in a voiced segment

and codes them in such a way that the receiver can easily regenerate the whole voiced
segment by the codes. DSPM’s voice quality versus packet loss rate and its overhead,
data rate and quality versus its coding parameters are investigated (Chapter 5).

DADPCM, a voice-packing method based on the DSPM principle and ADPCM algo-
rithm is explained. Its ADPCM algorithm compresses each 8 bit voice sample to a 4
bit voice code. As it sends compressed data for each important sample, three different
schemes for indicating the location of important codes are considered. DADPCM’s
voice quality versus packet loss rate and data rate, and also its lost packet recovery
time versus its coding parameters, are investigated.

Different methods to choose important samples that help the schemes improve the
regenerated voice quality in lossy environment are explained. They try to introduce
minimum data and CPU overhead. It is revealed that the modified fixed distortion
method has optimum overheads among the other methods (Chapter 6).

DADPCM5, a modified version of DADPCM, as a voice-packing scheme suitable for
very lossy networks that can overcome burst loss is presented. It splits a voice segment
into five streams and finds and inserts the important samples of each stream to its
next stream. In order to cope with burst packet loss problem, it reorders the streams
and sends them toward the receiver. Its voice quality versus packet loss rate in both
individual and burst loss situations and its lost packet recovery time are investigated
(Chapter 7).
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e DFT of voice segments, its specifications and many performed tests based on transmit-
ting the DFT coefficients of a voice segment are explained. The tests aim to regenerate
the voice, based on having some part of its DFT coefficients. The experiments led to
the DFCPM voice-packing method. DFCPM is based on sending the DFT coefficients
of a voice segment and regenerating the voice by applying the inverse Fourier trans-
form at the receiver. Its quality versus its coding parameters and packet loss rate and
its packet processing time are investigated.

EDFCPM, an enhanced version of DFCPM which carries two series of important data
that can improve the voice quality of regenerated lost samples in lossy networks is
presented. Its voice quality versus its transmission parameters and loss rate are inves-
tigated (Chapter 8).

e ECELP as three voice-packing methods for hybrid codecs that send the extracted pa-
rameters of the Linear Prediction model of voice are introduced. ECELP64 uses ITU-T
G.729 annex H recommendation. It extracts 30 bits out of each 64 bits and names them
as important parameters. It packs a packet by 64 bits from each frame plus 30 bits from
its previous frame. Therefore, its total bit rate is 9.4 kbps. ECELP13 and ECELP475
use the same strategy and their total rates are 19.6 and 7 kbps respectively. In order
to cope with the burst packet loss problem, they switch to use more than one series of
important samples and as a result their data rate increases. Their voice quality versus
packet loss rate in both individual and burst loss situations are investigated (Chapter
9).

e CADPCM as an improved version of Hardman'’s algorithm is introduced. It classifies
speech segments and it inserts redundant data based on the voice specifications. It uses
more than one series of redundant data in a burst packet loss situation. Its voice quality
versus packet loss rate in both individual and burst loss environment are investigated.
CADPCM combines waveform and hybrid codecs (Chapter 10).

11.2 Methodology

Many efficient methods for transmitting voice traffic over a lossy packet-switched network
are introduced in this monograph. To accomplish that

e packet loss, its models and metrics is studied and the Gilbert model is chosen,

e using NS-2, a very lossy network based on measured Internet behaviour is simulated,
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e an active node is implemented in the lossy network,

e voice-packing schemes based on theoretical aspects of voice properties are imple-
mented,

e changing the simulation network conditions, different loss patterns are applied to each
scheme, and

e the results are evaluated by subjective tests.

11.3 Major results

Results of regenerated voice show their efficiency in improving the voice quality in a lossy
network. The comparative performance of each coding scheme is discussed at the conclu-
sion of each chapter. Table 11.1 shows a summary of all voice-packing schemes and their
specifications under 40% individual lost packet.

Table 11.1: Summary of results

Scheme | Interleaving| Individual Burst Data Processing| Relative
name factor loss loss rate (kbps) | time (usec) Quality
DSPM 2 Y N 64 +Ib-C Variable 8
DADPCM 2 Y N 32 +In 41 - 49 8
DADPCM5 5 Y Y 32 +In 82-115 55
DFCPM 2 Y N Variable 350 - 625 7
EDFCPM 2 Y N Variable 360 - 625 9
ECELP64 Y Y 9.4 160 7.5
ECELP13 - Y Y 19.6 160 7.5
ECELPA475 - Y Y 7 160 7
CEDPCM - Y Y 0.8-36.8 200 6

Ib represents the total amount of the important by@sepresents the aggregate of the
compressed bytes, and represents the total amount of the important nibbles and their
identifiers. It must be considered that DFCPM and EDFCPM offer shrilled sound compared
to other coding schemes. Therefore, they are marked quite highly by the audience.

Many methods for packing voice samples in order to find solutions to lost packet recovery
problems for many VOIP applications are introduced.
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e DSPM is an effective routine to pack PCM samples in such a way that it can easily
recover the lost packets. It introduces a novel way to compress voiced parts of a
speech segment. It generates good voice quality even when it loses half of its packets.

e DADPCM and DADPCMS5 are effective methods to pack compressed codes in order to
overcome the packet loss problem in the Internet. They use ADPCM 32 kbps codes to
make packets. DADPCM generates quite good voice quality under 50% lost packets.
Using a simple strategy, the DADPCMS5 routine can overcome the burst loss problem.
Its regenerated voice quality under 40% burst loss shows a remarkable improvement
compared to the other available methods.

e DFCPM and EDFCPM are novel ways to pack and transmit voice samples by their
DFT coefficients. Their variable qualities and compression rates make them suitable
for many applications. For instance, they can be used for broadcasting a message for
many users with different available bandwidth in a multi cast session.

e ECELP is a novel way to choose and insert redundant data in very low bit rate voice
coders. All of its three implementations show its worthiness in regenerating voice
when it loses half of its voice packets. ECELP is suitable for transmitting voice using
a low bandwidth over a very lossy network.

e CADPCM improves the methods of choosing and inserting redundant data in ADPCM
codes of Hardman'’s algorithm. It refuses to send a long packet when it is not necessary.

In practical aspect, an application which needs high quality voice can choose DSPM or
DADPCM and an application that needs low bit rate can use ECELP as its voice-coding
scheme. It has been desired to minimize the amount of redundant data based on quality
feedback from the receiver.

To improve the voice quality of VOIP, the introduced methods can be used under many
predefined formats. As a data independent FEC scheme, RFC2733 which is engineered for
FEC algorithms can be considered [85]. It sends main payload and FEC data in separate
streams, so it can easily use the DFCPM, ECELP and CADPCM schemes to recover the lost
packets. Although RFC2733 uses FEC independent of the nature of the media, it is designed
to transmit some FEC codes that do not require the original media to be sent. Therefore, the
other schemes, namely, DSPM, DADPCM and DADPCMS5 can be used by this format.

RFC2198 which describes a payload format for use with RTP, is another predefined for-
mat that can benefit the introduced schemes. In RFC2198, packets have to carry a primary
encoding and one or more redundant encoding data (along with encoding type identifier and
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packet length identifier) [29]. In short, all of the introduced coding schemes can be used by
this RFC.

11.4 Future directions

With regard to the current unreliable packet-switched Internet, several methods are intro-
duced to pack voice samples in such a way that a lost packet can be regenerated. The
schemes help VOIP produce good voice quality when a lossy network is used. Assuming
that the network does not need to change the voice-packing routine, each of these methods
can introduce a specific way to overcome the packet loss problem.

Coping with the tandem-encoding problem in each coding method can be a new research
aim in the near future. "How to choose important parameters so that a tandem-encoder can
regenerate good voice quality” is an unanswered question that can be addressed by future
work.

Finding a packing scheme for transmitting video over the Internet is an important, as yet
unresolved issue for future work. Extracting important parameters for voice as described,
means the important parts of image can probably be extracted and packed so that video can
tolerate some lost packets on the Internet.
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Appendix A
SDLs of DADPCM5

All SDLs related to DADPCMS5 are available in the attached CD in post-script format files.
They are accessible form IBDL\ x.ps address. The following table shows the state and file
name of all SDLs.

State | File name|| State | File name

Idle sdill XXxx3 | sdl116
Onnnn| sdl12 Ox4nn| sdl117
02nnn| sdl13 Oxx1n| sdl1.18
024nn| sdi14 Oxxx3 | sdl119
0241n| sdl15 02x1n| sdl120
x2nnn| sdi16 02xx3| sdl121
x24nn| sdiLl7 x2x13 | sdl122
x241n| sdI18 xx41ln| sdl123
x24x3 | sdl19 xx4x3 | sdll24
024x3| sdl110 || xxx13 | sdl125
x2413| sdl111l | O0x41ln| sdl126
x2x1ln| sdl112 || 0x413| sdl127
X2xx3 | sdl113 || Oxx13 | sdi128
xx4nn | sdll114 || 0x4x3| sdl129
xxx1ln | sdl115 || 02x13| sdI1.30
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Appendix B

Source codes

All written programs are available in the attached CD in C++ format files. They are accessi-
ble form D:\Programy and they are listed as follow.

e ns-allinone-2.1b9%9a-gcc32 : The NS-2 installation file that the whole simulator can be
installed with.

e active.h : A header file that contains all parameters and constant values for simulation.

e active.cc : A program that contains the C++ codes to define an active node and packet
simulation environment.

e sender.cc : A program to encode voice segments and send them towards the receiver.

e activenode.cc : A program to implement the active node in simulation. It contains
necessary codes to detect and regenerate lost packets.

e receiver.cc : A program to decode and regenerate voice as a receiver.

e active.tcl : A TCL file to define simulation parameters and define its environment.
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Appendix C

Voice samples and test environment

C.1 Voice samples

All regenerated voice samples by different voice packing schemes are available in the at-
tached CD in .\WAV format files. They are accessible formice samplesscheme name:.wav
address. All files have the following name format (unless otherwise):

name y_a_B.wav.

~ is eitherb for burst loss of for individual loss situationa is the amount of redundant
data that the scheme has applied to the voice samplesasdhe loss percentage that the
sample has envisaged in the network. The following are the file names and their locations
and specifications.

e D:\voice samplesDSPM\

— DSPMQO --- DSPMQ50 : DSPM files with 0% overhead and different loss
rates.

— DSPM1QO0--- DSPM1050 : DSPM with 10% overhead and different loss rates.

— FECO--- FEC50 : FEC files with different loss rates.

— R.0--- R.50: Packet repetition scheme with different loss rates.

— S.0--- S50: Silence substitution with different loss rates.

— ST6QO0 --- ST6050 : DSPM with 60% similarity threshold and different loss
rates.

e D:\voice samplesDADPCM\

— DOO--.- D050 : DADPCM files with 0% overhead and different loss rates.
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— D10.0--- D10.50 : DADPCM with 10% overhead and different loss rates.
— FECO-.-- FECJ50 : FEC files with different loss rates.
— R.O--- R50: Packet repetition scheme with different loss rates.

— S 0--- S50: Silence substitution with different loss rates.
e D:\voice samplesDADPCM5\
— Ci0.0 --- Ci0_50 : DADPCMS5 files with 0% overhead and different loss rates
(individual).

— Cbh4Q0 - .- Cbh4Q050 : DADPCMS5 with 40% overhead and different loss rates
(burst).

— FECIiO--- FECi50 : FEC files with different loss rates (individual).

— FEChO--- FECh50 : FEC files with different loss rates (burst).

— Ri_.0--- Ri_50 : Packet repetition scheme with different loss rates (individual).
— Rb.0--- Rb.50 : Packet repetition scheme with different loss rates (burst).

— Si.0--- Si50 : Silence substitution with different loss rates (individual).

— ShO0--- Sh50: Silence substitution with different loss rates (burst).

— Qb.0--- Qb.50 : DADPCMS5 with different overhead and 40% loss rate.

e D:\voice samplesDFCPM\

— P120--- P1100 : DFCPM with different transmission rates and 50% loss rate.
— P220--. P2100 : DFCPM with different transmission rates and no loss.

— T400.-- T40.50 : DFCPM with 40% transmission rate and different loss rates.
— FECO-..- FECS50 : FEC files with different loss rates.

— R.O--- R.50: Packet repetition scheme with different loss rates.

— S 0--- S50: Silence substitution with different loss rates.
e D:\voice samplesEDFCPM\

— P10010 -.- P10050 : EDFCPM with 100% different transmission rates and
different loss rates.
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— 1780160 --- T80.16.50 : EDFCPM with 80% transmission rate one and 16%
transmission rate two and different loss rates.

— FECO--- FEC50 : FEC files with different loss rates.
— R.0--- R.50: Packet repetition scheme with different loss rates.

— S.0--- S50: Silence substitution with different loss rates.
e D:\voice samplesECELP\

— Di_0--- Di_.50: ECELP files with different loss rates (individual).

— Db.0--- Db_50 : ECELP files with different loss rates (burst).

— FECiO--- FECi50 : FEC files with different loss rates (individual).

— FEChO--- FECh50 : FEC files with different loss rates (burst).

— Ri_.0--- Ri_50 : Packet repetition scheme with different loss rates (individual).
— Rb.0--- Rb.50 : Packet repetition scheme with different loss rates (burst).

— Si.0--- Si.50: Silence substitution with different loss rates (individual).

— ShO--- Sh50: Silence substitution with different loss rates (burst).
e D:\voice samplesCADPCM\

— CADi 0--- CADi_50: CADPCM files with different loss rates (individual).

— CADDb.O--- CADb.50 : CADPCM files with different loss rates (burst).

— Ri_0--- Ri_50: Packet repetition scheme with different loss rates (individual).
— Rb.0--- Rb.50 : Packet repetition scheme with different loss rates (burst).

— Si.0--- Si.50 : Silence substitution with different loss rates (individual).

— ShO--- Sh50: Silence substitution with different loss rates (burst).

The main (original) file is nameghain.wav and is located at Dvoice samplegmain.wav.
A Matlab code to play and study the voice files is available awbice samplegplay.m.
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C.2 Test environment

In all voice-packing schemes, a subjective test was carried out to evaluate the quality of voice
segments. A 128 kbyte female voice sample with 8 sec duration was chosen as the main voice
(PCM 16 bit linear, sampled at 8 kHz). The main voice was packed with different voice-
packing schemes and the packets were passed through a lossy network with adjustable loss
rate. The regenerated voice samples were played twice using a loudspeaker in a quiet room.
In average, twelve non-expert listeners evaluated the overall quality of each regenerated voice
samples on a 10 category scale. Their marked results were used for drawing the charts.
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