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Abstract

Past communication networks were characterized by separate networks for data and
voice. The integration of data and voice in a unique network rapidly gained more and
more interest. This integration can provide bandwidth efficiency and new integrated
services. The traditional packet switched network cannot be directly applied to voice
communication, because it doesn’t provide quality of service (QoS). One solution is to
modify the network structure to provide new real-time services. Application adaptation
provides an alternative solution, with which we can build real-time applications upon
currently available network services. The adaptations include bandwidth control, lost
packet recovery, delay jitter control, and operating scheduling compensation. The key
problem is delay jitter compensation. In this thesis, the application adaptation solution is
discussed and algorithms are surveyed. A simulation tool is developed to study the jitter
management problem. By managing the tradeoff between display latency and gap
frequency, and by dynamically adjusting the display latency according to network
conditions, we can provide acceptable voice transmission as long as the average

bandwidth is sufficient.
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Chapter 1 Introduction

1.1 Voice Data Integration

Traditional voice service is carried by the Public Switch Telephone Network (PSTN).
PSTN is a circuit switched network characterized by guaranteed bandwidth and delivery.
In such a system, when a call arrives, a transparent line is established for realizing
smooth conversation between the origin and destination terminals. A fixed channel
capacity is assigned to this connection throughout the call period. The delay is small and
constant, so the quality of voice transmission can be guaranteed. But at the same time a
lot of bandwidth is wasted, because the channel capacity must be assigned to the call
according to its peak data rate, not the average data rate, and the line must be held even if
no talk-spurt is transmitted.

In contrast, a totally separate network system, the packet switched network, was designed
to carry data communications. In a packet switched network, data are grouped as packets,
and they are transmitted in a store and forward mode. The different transmissions share
the same media in a statistical way. A packet switched network is characterized by its
bandwidth efficiency (shared bandwidth). But because of the statistical nature of packet
switching, each packet can encounter a different amount of delay in traversing the packet
network. And in a routed network, because each packet could be routed independently,
packets may even arrive at the destination out of order. The other problem of packet
switched networks is packet loss. In a store and forward network, packets are queued in

switches, bridges, and routers along the path to the destination. Because of possible



congestion of the network and the limit length of the queue, the packets could be
discarded. The delay variance is not a problem to traditional data communication. The
out of order packet and packet loss can be recovered by upper layer network protocols,
such as TCP. But these features make packet switch networks unsuitable for carrying
voice service. Voice traffic, with its real-time characteristic, is more subtle to variance of
delays and discontinuity than data traffic. The upper layer protocols, that can recover out-
of-order packets and packet loss, may introduce rather long delay. Thus they can’t be
applied to voice traffic.

In recent years, there was increasing interest of data and voice integration in a single
network. The first motivation of integration is sharing network resources among data and
voice. A lot of efforts have been spent in accommodating voice services through packet
switched networks. Another motivation is the ability of providing voice and data
integrated services, like multimedia conferencing. This is considered, in the long run, as
the major benefit from data voice integration. Other benefits of voice data integration
include equipment commonality, combined network operations, maintenance, and
administrative policies.

The fast developing of Internet is another force pushing data and voice integration.
Internet provides a unique network to bind different types of datalink layer packet
switched networks all over the world. It has the most connectivity and availability. In
recent years, inexpensive hardware for processing digitized audio is rapidly becoming
available for desktop personal computers. At the same time, high network bandwidth and
high performance desktop computers at relatively low price become widely available. A

virtual network Multicast Backbone (MBONE) has been built upon the Internet to
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provide a multicast service, which make real-time media broadcast possible. It is
attractive in providing voice related applications over the Internet. There have been many
efforts in developing multimedia applications. These efforts resulted in some application
prototypes and even a few commercial products, such as multimedia conferencing tools
and Internet phone. But there is still a long way to providing real valuable real-time
services over the Internet.

To accommodate voice communication over a packet switched network, we must first
digitize the speech at a uniform rate, and then organize these data into constant length
packets with packet headers just as other data packets. The packets are transmitted
through the store-and-forward network and arrive at the receiver network node, where the
reverse process is applied to the speech packets and the speech is played out. There are
several technologies involved in this process. They are speech coding, packet switching,
real-time support, and desktop applications. The key problem is real-time support. As we
know, voice communication requires guaranteed bandwidth and short response time, that
can not be provided by traditional packet switched networks.

One solution is to modify the packet network structure to make it provide new services to
support real-time traffic. The new services must provide QoS to traffic, like guaranteed
bandwidth, minimal delay, etc. These efforts will be tremendous and will touch all the
layers of a network, from the datalink layer, network layer, transport layer, to the
application layer. An alternative solution is application adaptation, which means making
the application adaptive to available network services and providing acceptable real-time
applications. Compared to the first solution, the application adaptation is limited. But it

also has some benefits. The first benefit is that it makes use of the current network



structure and available network services. Thus it is much more applicable than the first
solution. Given sufficient bandwidth, it can provide pretty good real-time applications.
The second benefit is that, in the long run, the application adaptation still has its value.
New network real-time services can not be applied to the whole network at a jump. There
will be a long coexistence of traditional and upgraded networks. Application adaptation

helps to provide real-time services in such a heterogeneous network environment.

1.2 Organization of This Thesis

The next chapter surveys packet voice technologies. These technologies include speech
coding algorithms, LAN technology, public packet switched technology, new network
services, application adaptation technology and related protocols, voice over IP
applications and related protocols.

Chapter 3 investigates different aspects of application adaptation, with focus on delay
jitter management. In bandwidth control, a simple control strategy is introduced. In
packet loss recovery, two kinds of strategies are introduced. The network delay jitter
problem and related synchronization problems are discussed. A series of delay jitter
management algorithms is described.

Chapter 4 is a simulation study on delay jitter management. A platform is developed to
implement and evaluate different jitter management algorithms. An end-to-end delay
model is applied to add delay to the tool. A series of experiments are performed to
evaluate the feature of the jitter compensation algorithms.

Conclusion is given in chapter 5.



1.3 Thesis Contributions

The main contributions of this thesis are the following:

We have investigated packet voice performance over a non QoS network, and made a
complete survey on application adaptation algorithms. These algorithms include
bandwidth control, packet loss recovery, delay jitter control, and operation system
scheduling compensation algorithms.

We have developed a simulation system for studying jitter control algorithms. This
system uses an audio file as input, and can generate output as an audio file. A network
end-to-end model is implemented to generate delay jitter, and the system can take other
sources of delay jitter, such as delay generated by other models or delay recorded from a
real network. We have implemented a series of jitter management algorithms in this
system, and evaluated the performance of these algorithms. We modified the dynamic
display latency adjustment strategy, by setting a range to the change of silence duration.
We have implemented an adaptive silence detection algorithm in this system. We also

introduced a hangover strategy into this algorithm to merge small silence periods.
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Chapter 2 Overview of Packet Voice Technology

2.1 Audio Digitization and Codec

In a packet voice system, audio must be transformed into digital signal in order to be
processed and transferred. In most cases, digital audio compression is also required when

network bandwidth is limited or costly.

2.1.1 Audio Sampling and Digitizing

In audio digitizing, an audio wavc is measured at regular intervals. The sampling rate is
decided by the frequency range of the audio. Because audio with bandwidth between 40
Hz and 4 kHz can effectively represent human voice can, according to Nyquist’s theory,
in order to record human voice, the sampling rate should be at least 8 kHz. To match
human hearing, which has a frequency range between 20 Hz and 20 kHz, 40 kHz of
sampling rate is necessary.

Each sample is transformed into digits. Usually, we use 8 bits to 16 bits to represent a
sample. With 8 bits digitization, we have 48 dB audio, and with 16 bits we have 96 dB.
Analog voice can be digitized linearly or non-linearly. Uniform Pulse Code Modulation
(PCM) is a linear encoding. A-law and u -law PCM are non-linear encodings, which use
a kind of logarithmically spaced quantifier. Non-linear encoding can give more accuracy

to low energy parts of voice signal.



2.1.2 Audio Encoding and Compression

An uncompressed PCM audio with 8 kHz sampling rate and 8 bits quantification will
consume 64 kbps bandwidth. Although a typical 10M Ethemet LAN can handle it easily,
it is unacceptable for multimedia conference applications and wide area networks
applications. The principle parameters of an audio codec are speech quality, bit rate,
complexity and delay(frame size). Optimizing for one or more of these parameters
usually means sacrificing performance in other areas. A tradeoff must be made in
designing or choosing a codec.

The simplest audio codec is logarithmic PCM (u-law and A-law). It allows a larger
range of values to be covered with the same number of bits for a given speech quality.
4 -law and A-law, which are commonly used transformations, use 8 bits to represent the
same range of values that would be represented by uniform PCM in 14 bits. The
compression rate is 1.75:1. The u-law and A-law PCM encoding methods are defined in
ITU-T recommendation G.711, which is under the H.323 umbrella.

Adaptive Differential Pulse Code Modulation (ADPCM) is an enhancement of PCM. It
makes use of the similarity of adjacent samples. Instead of encoding the samples, it
encodes the difference between adjacent samples and its predicted value. The prediction
and quantification parameters are adaptive to the signal characteristics. Generally, the
compression ratio is 2:1 compared to A-law or u-law PCM. The ITU-T has defined
several ADPCM methods ( G.721, G.722, G.723, G.726, G.727).

Linear Predictive Coding (LPC) is a more powerful encoding method compared to the
above encodings. But it is designed specially for speech and it is more complex. LPC

starts with the assumption that the speech signal is produced by a buzzer at the end ofa



tube. The vocal tract forms the tube, which is characterized by its resonance, which are
called formants. LPC analyzes the speech signal by estimating the formants, removing
their effects from the speech signal, and estimating the intensity and frequency of the
remaining parts. Federal Standard 1015 defines a simple LPC. It provides intelligible
speech transmission at 2400 bps. Code Excited LPC (CELP) is a more complex LPC. It
analyzes the residue, compares it to all the entries in a codebook, chooses the entry,
which is the closest match, and just sends the code for the entry. ITU-T G.728 uses a

variation of CELP. G.728 is also specified by H.320 and H.323.

2.2 Packet Switched Network

2.2.1 Structure of Network

In a packet voice system, voice packets are carried by the packet switched network. In a
complex network system, we often use a layering strategy. This provides two benefits.
First, it decomposes the problem of building a network into more manageable
components. Instead of dealing with a complex problem, we deal with a layer at a time
and each layer solves one part of the problem. Second, it provides a more modular
design. Each layer offers functions to its upper layer. It is easy to add some functions by
making use of the functions offered by its lower layer without changing other functions in
its own layer.

The ISO’s Open Systems Interconnection (OSI) defines a seven-layer model (Figure
2.1). From the bottom, the physical layer handles the transmission of raw bits over a
communication link. The data link layer collects a stream of bits into a larger aggregate,

called a frame. Network adapters typically implement the data link level, meaning that



frames, not raw bits, are actually delivered to hosts. The network layer handles routing
among nodes within a packet switched network. At this layer. the data unit is called
packet. The lower three layers are implemented on all network nodes. The transport layer
implements a process-to-process channel. It offers some services to the upper layers, such
as connection channels and connectionless channels. There are not strict definitions for
the top three layers. The transport layer and higher layers typically run only on the end

hosts and not on the intermediates switches or routers.

Application
Presentation
- Only on
Session End hosts
Transport
Application
Network TCP [UDP I
- Onall
Data link network Ip L
- nodes Network
Physical
a. OSI protocol structure b. Internet protocol structure

Figure 2.1 OSI protocol structure and Internet protocol structure

In the Internet domain, the layered structure is not so complicated. In the Internet we use
a four-layer model. This is shown in Figure 2.1b. The lowest level is network layer. It
covers the function of data-link layer and physical layer of OSI model. The protocols in
this layer are implemented by a combination of hardware and software. Examples are
Ethernet and FDDI. The second layer is Internet Protocol (IP). This protocol supports the

interconnection of different types of data-link layer network into a single network



domain. The third layer has two protocols TCP and UDP. TCP and UDP provide virtual
channels to the application layer. TCP provides a reliable channel and UDP provides an
unreliable channel. Both TCP and UDP are end side only. They are only implemented in

end nodes.

2.2.2 Datalink Layer Network Protocols
There are several protocols located in this layer. Basically, they can be divided into two
categories. One is local area media access protocols like Ethernet, Token Ring, and

FDDI. The other is wide area switched-network protocols, like X.25, Frame Relay, ATM.

Ethernet (CSMA/CD)

Ethernet is the most successful and most widely used local area networking technology. It
was developed from an early packet-radio network, called ALOHA. In Ethemet, all
stations share the same medium. A carrier sense strategy is applied to solve the medium
access problem. Each station senses the medium and sends packets only when the
medium is free. When collision is detected, the transmission is canceled and the
retransmission is applied with a random backoff. The typical Ethernet is 10 Mbits/sec,
defined by IEEE802.3. The most important feature of Ethernet is that it works well under
light traffic and its performance drops sharply when the network traffic reaches a

threshold.
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Token Ring & FDDI

Token ring is another important LAN technology. There are several implementations of
token ring, such as IBM’s 4 Mbps, IEEE 802.5 token ring, and FDDI. It is also a shared
media network just as Ethernet. But its media access strategy is quite different. In a token
ring network, all stations are connected in a ring. Data flows in a particular direction
around the ring. A token, which is a special frame, circulates around the ring. If a station
wants to send a frame, it must wait for its turn to get the free token. It attaches its frame
to the token frame, marks it occupied, and sends it. When the frame arrives at the
destination, the token is free (in delayed free mode). FDDI makes an extension to the
token ring. It has two independent optical fiber rings that transmit data in opposite
directions. The second ring is not working in normal operation. But when the normal ring
is broken, the ring loops back on the second ring to form a complete ring. The media
access algorithm of FDDI is also more complicated than legacy token ring. It introduces a
concept of token holding time (THT) and target token holding time (TTHT), which gives
synchronized data high propriety. This feature makes FDDI more suitable to transfer time
related data (voice and video), compared to other LAN techniques. But because of its

complexity and high cost, it is not widely applied.

Public packet switched network (X.25, Frame relay)

X.25 provides users with WAN connectivity across public data networks. It defines a
network model with data terminal equipment (DTE) and data circuit-terminating
equipment (DCE). DTEs connect to DCEs, which connect to packet switching exchanges

and other DCEs within a public switched network (PSN)and, ultimately, to other DTEs.



X.25 specifies a 3 layer model which can be mapped to layers | through 3 of the OSI
reference model. Layer 3 X.25 describes packet formats and packet exchange procedures.
Layer 2 X.25 defines packet framing for the DTE/DCE link. Link 1 X.25 defines the
electrical and mechanical procedures for a physical medium. The end-to-end
communication between DTEs is accomplished through a bidirectional association called
a virtual circuit. Virtual circuits can either be permanent or switched(temporary).
Permanent virtual circuits are commonly called PVCs; switched virtual circuits are
commonly called SVCs. PVCs are typically used for the most-often-used data transfers,
while SVCs are used for sporadic data transfers. Layer 3 X.25 is concerned with end-to-
end communication involving both PVCs and SVCs.

Frame Relay was originally conceived as a protocol for use over Integrated Services
Digital Network (ISDN) interfaces. But now, like X.25, frame relay provides a packet-
switching data communications capability that is used across the interface between user
devices and network equipment. However, Frame Relay differs significantly from X.25
in its functionality and format.

As an interface between user and network equipment, Frame Relay provides statistically
multiplexing (a media sharing mechanism that gives each node equal chance but can give
more bandwidth to nodes with more data to transfer) over a single physical transmission
link. Compared with systems that use only time-division-multiplexing (TDM) techniques,
Frame Relay provides more flexible and efficient use of available bandwidth. Another
important characteristic of Frame Relay is that it exploits the recent advances in WAN
transmission technology. Unlike X.25 that was developed when analog transmission

systems and copper media were predominant, Frame Relay is designed upon much more
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reliable tiber media /digital transmission. It includes a cyclic redundancy check (CRC)
for detecting corrupted bits, but it doesn’t include any protocol mechanisms for
correcting bad data. It leaves these to be performed at higher protocol layer. The other
feature of Frame Relay is it does not have explicit, per-virtual-circuit flow control,
because many upper-layer protocols have this functionality. Frame Relay can be used as
an interface to either a public available carrier-provided service or to a network of
privately owned equipment.

Cell switched network (ATM)

Asynchronous transfer mode (ATM) technology is based on the efforts of the ITU-T
study group XVIII to develop Broadband Integrated Services Digital Network (BISDN)
for the high-speed transfer of voice, video, and data through public network.

ATM has become a tremendously important network technology in recent years. It is a
connection oriented packet-switched network technology. It has a fixed size packet,
called cell. Each cell consists of 5 octets of header information and 48 octets of payload
data. ATM is a cell-switching and multiplexing technology that combines the benefits of
circuit switching (constant transmission delay and guaranteed capacity) with those of
packet switching (flexibility and efficiency for intermittent traffic). ATM defines the
network-user interface (referred to as UNI) and network-node interface (referred to as
NNI).

ATM is an asynchronous mechanism. It differs from synchronous transfer mode in that,
ATM time slots are made available on demand, with information identifying the source
of the transmission contained in the header of each ATM cell. With TDM, if a station has

nothing to transmit when its time slot comes up, that time slot is wasted. While if a



station has a lot of information to send, it must wait for its turn, aithough there are a lot of
empty slots. With ATM, a station can send cells whenever necessary.

ATM defines protocol layers. They are the physical layer, ATM layer, ATM adaptation
layer and higher layers. The ATM layer and the ATM adaptation layer are roughly
analogous parts of the data link layer of the OSI model, and the ATM physical layer is
analogous to the physical layer of the OSI model. ATM has its unique feature that it
defines different adaptation layers that represent different level of quality of service
(QoS). AAL1 provides constant bit rate, which is appropriate for transporting telephone
traffic and uncompressed video traffic. AAL3/4 provides variable bit service, which was
designed for a network service provider and is closely aligned with Switched
Multimegabit Data Service (SMDS). AALS provides available service, which is used to
transfer most non-SMDS data, such as classical IP over ATM and LAN emulation.

A signaling protocol is conducted between end-device and ATM switches. An end device
uses the signaling protocol to build a connection and request for its QoS. The request is
sent to its directly connected switch. The switch propagates the request along the path to
the endpoint. If any switch cannot accommodate the requested QoS parameters, the
request is rejected. Otherwise, an accept message is issued by the receiver node, and it is
propagated back to the originator of the request. The switches along the path set up a

virtual circuit.

2.2.3 Internet

Internet (TCP/IP) is a set of protocols that combine different physical networks to form a

single logical network and offers some end-to-end services.
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An IP service model can be thought of as having two parts: An addressing scheme and
packet forward & delivery. IP uses a global addressing scheme. An IP address is made up
of two parts: network address and host address. The network part identifies the network
to which the host is attached. The host part identifies each host uniquely on that network.
An IP packet is composed of a header and data. The header carries all the information
needed to deliver the packet. But the IP delivery is “best effort”, which means there is no
guarantee of delivery. This is also called unreliable service. It is possible to build some
reliable services upon this unreliable IP service by putting some extra functionality.

UDP and TCP are two basic end-to-end services built on top of IP. UDP is a simple
extension to IP service. It only adds a demultiplexing service to let multiple application
processes on each host to share the same [P address. Because of its light overhead, real-
time services are always built on UDP. We will revisit this topic in later sections.

TCP is a more sophisticated transport protocol. It offers a connection-oriented service
and it also guarantees reliable in-order transmission stream. It also has a sliding window
flow-control scheme that can make the transmission adaptive to the network traffic. But
compared with UDP, TCP introduces a lot of overhead such as retransmission of lost
packets. So it is hard to build real-time services upon TCP.

Because of the limitation of current IP and also because of the scaling problems of
address space, a next generation IP, called IPv6, is being developed and defined by
standard groups. First, IPv6 provides a 128-bit address space, which can carry 3.4*10%
nodes. IPv6 also brings some other changes such as support for real-time service, security

service, etc. We will discuss more about real-time services in later sections.
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2.2.4 Multicast Service and Mbone

Multicast is critical to many multimedia transmission applications. It is supported by
most LANs such as Ethernet and Token Ring. But in a large scale routing network,
multicast is not easy to implement. A multicast address is defined as class D address in IP
address space, in the range of 224.0.0.0 to 239.255.255.255. A multicast address is a
logical address (not a physical address). It is the identifier of a host group. Senders use
this group address as destination address to send [P datagrams, and all the group
members can receive the data. Hosts that wish to receive the data can join the group by
sending IGMP messages.

Multicast routing is a very complicated problem. There are several different routing
protocols that multicast routers can use to deliver multicast packets, including DVMRP
(Distance Vector Multicast Routing Protocol), MOSPF (Multicast Open Shortest Path
First) and PIM (Protocol Independent Multicast). But so far only a part of Internet routers
support multicast routing. A virtual multicast network, called Mbone, is built upon the

current Internet. Multicast packets are tunneled when transferring through unicast routers.

2.3 Voice over Packet Switched Network

2.3.1 Overview and Motivation

The transmission of voice over packet switched networks has been an active research
area since the late 70’s. The investigations were on both LAN technologies and
ARPANET, which is the forerunner of Internet.

The first motivation of these efforts is efficient utilization of channel capacity. Current

communication systems are characterized by separate networks for voice and data. With



the increasing bandwidth of packet data network and developing of high speed terminals,
it is considered that transmitting voice and data in a single network is more efficient. The
existing workstations as audio terminals and existing LAN/WAN infrastructure may be
used to supplement or replace the traditional centralized telephone exchanges system.

The second motivation is that the integration of voice and data gives some new features
to voice communication and even brings some new applications that can not be carried
out by traditional telephone services or by traditional data network services separately.
For example, with voice data integration, there could be a tele-learning application, in
which each recipient can share the voice of lecture and also the data (text or graph) that is
related to the lecture.

In the LAN area, Ethernet was one of the earliest to be implemented and then developed
to be the most popular architecture. There has been interest on the use of Ethernet for
voice and other real-time application since the early years of Ethemet. In [33],
experiments show that a 3Mbps Ethemet (experimental Ethernet) was capable of
supporting about 40 simultaneous 64-Kbps two-way voice conversations with acceptable
quality. In [13], there was a more complete investigation on the Ethernet capacity for
voice communication. The simulation study shows that, in the absence of data, an
Ethernet can support 60 pairs of conversations with almost zero delay. But after that
point, when the number of conversations grows, the average delay increases sharply and
the standard deviation of delay increases faster than the average value. The simulation
also shows that, with data traffic introduced as background traffic, the performance of

veice transmission decreases very much. In this case, with the number of conversations
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increasing, there is no longer any zero delay region, and both the average delay and the
standard deviation increase much faster.

Instead of using an existing LAN framework, some new LAN protocols [29] [30] were
proposed to support real time traffic. In [29], an Ethernet compatible protocol, multi-class
real time (MCRT) protocol was proposed. In this protocol, channels are shared between
MCRT frames and normal data frames, and real time service is guaranteed by an MCRT
chain. In [30}, a reservation-based Carrier Sensitive Media Access (CSMA) protocol was
presented to let LAN carry real time data. It extends the CSMA/CD to include a
bandwidth reservation policy that accommodates the demands of real-time applications
with periodic sources. Under this protocol, when a data frame collides with a periodic
source, the data frame backs off, but the periodic source obtains the media. If two
periodic sources collide, one of them shifts to the next available slot.

In the Internet area, voice over IP has been an interesting topic since the beginning of
ARPANET. Traditional Internet does not provide guaranteed resources such as
bandwidth or guaranteed performance measures such as maximum delay or maximum
packet loss rate. The only available end-to-end services on Internet are TCP and UDP.
Many voice communication experiments and investigations are based on UDP/IP. There
are two approaches to solve this real-time transmission problem. One solution is to
extend current protocols and switch scheduling disciplines to provide Quality of Service.
This approach requires that admission control, policing, reservation, and sophisticated
scheduling mechanisms be implemented in the network. RSVP (Reservation Protocol) is
such a protocol. The design, analysis, and evaluation of such mechanisms is an active

research area.



Another approach is using application adaptation based on existing best-effort network
services. The adaptation includes bandwidth control, packet loss recovery, delay jitter
compensation. Because the adaptation is only applied at end points and doesn’t require
any change to the network architecture, it is much easier to implement than the first
approach. There are also many interests in this area and there are many applications
based on adaptation strategy.

There are some other issues in packet voice communication, such as voice compression,

admission control, voice conference control that are not covered by this work.

2.3.2 New Network Services
As we mentioned before, in order to support real time communication in data network,

some new network infrastructures and new network services come out. RSVP(resource

reservation protocol ) is such a protocol.

RSVP introduction

RSVP is a resource reservation protocol designed for an integrated services Internet.
RSVP is applied both in end hosts and intermediate routers. Hosts use RSVP to request a
specific QoS (quality of service) from the network. RSVP is also used by routers to make
sure all the routers along the path of a data stream establish and maintain the required
service.

RSVP is receiver-oriented. That is to say the receiver is responsible for initiating and
maintaining the resource reservation. RSVP is not a routing protocol. Instead, it relies on

current and future routing protocols. RSVP is designed to support both unicast and
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multicast IP data flow. It is designed to scale well for very large multicast groups.
Although RSVP is a protocol to support QoS across an [P network, it only defines how to
build and maintain a certain real-time service in the Internet and it doesn’t define the
detail contents of QoS. The QoS is determined by the integrated service models and is

generally opaque to RSVP.

RSVP scenario

Figure 2.2 shows how RSVP works in hosts and routers. In an end host, an application
makes reservation request to a RSVP daemon, which is running in local host. The request
is then passed to two local decision modules, “admission control” and “policy control”.
Admission control determines whether the node has enough resources to fulfill the QoS
request, and the policy control determines whether the application has the permission to
make the request. If the request passes both modules, the QoS parameters will be set into
the packet classifier and packet scheduler. The classifier and scheduler implement QoS
for each incoming packet. In a router, it is almost the same process, except that, first the
reservation request is not from an application, but from a down stream hop, and second

the RSVP daemon calculates a new QoS request and propagates it to an up stream hop.

RSVP reservation model

Each reservation request contains two parts, “ flowspec” and “filterspec”. The “flowspec”
specifies QoS. The “filterspec” defines the set of data packets, on which the QoS will be
applied. The “filterspec” will be used to set parameters in packet classifier. Then it is

used to select a session or a subset of a given session. How to select a subset is up to the
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application. For example, the application layer header may be defined to divide the
session into different subsets and give different QoS to different subsets. The “flowspec”
is used to set parameters in packet scheduler. If the link layer has its own QoS module,
then the packet scheduler is responsible to map the QoS in “flowspec” into link layer
QoS standard. The scheduler may also allocate other system resources, such as CPU time
and buffers.

The reservation requests are sent by receivers and go through each router until they reach
the senders. At each node, if the request passes the admission control and policy control,
the QoS and filterspec are set into packet scheduler and classifier. Otherwise the request
is rejected and an error message is sent. If the request succeeds, then it is propagated to
upstream hop. The propagated request may not be the same with the received request for
each node. The reasons are, first, the “flowspec”may very from hop to hop, second, in

multicast, the router may merge the requests from different receivers and calculate a new

“flowspec”for the upstream.
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RSVP mechanisms and messages

In fact, there are two steps in resource reservation. Before reservation requests are sent,
RSVP sender has to send “path” message along the routes provided by routing protocols
to the receiver. The path message records the “path state” of each node. The message will
be used by the receiver to send the reservation request. A path message also contains
some other important information: 1) Sender template, which describes the format of data
packet. It could be used to set parameters in the packet filter. 2) Sender Tspec, which
defines the traffic characteristics of a data stream. It could be used to prevent over-
reservation. 3) Adspec, which contains information gathered from each node. The
information can be used by the receiver to construct or dynamically adjust an appropriate
reservation request.

During transmission, RSVP maintains a “soft state” in routers and hosts. The state is
created and periodically refreshed by “path” and “reservation” message. It is deleted
when no refresh messages arrive after a timeout or a “teardown” message is received.
When the “soft state” is deleted, all the reserved resources are released. This mechanism
is designed to accommodate dynamic path change and reservation change.

The third RSVP message is “tear down”. It is sent by an end host when the application
finishes or by routers when refresh timeout is reached. “Tear down” messages remove

path and reservation state at a node immediately on arrival.

Applicability and coexistence with non-RSVP clouds

RSVP is on top of Internet and offers real-time service. But in order to implement RSVP,

the link layer protocol must support QoS. The QoS may not be in the same format with



what is defined in integrated service Internet. In such case, a mapping between the two
QoS specifications is necessary. For example, ATM is a QoS supported link layer
protocol. If RSVP is run on top of IP over ATM, the RSVP scheduler should map a QoS
request into an ATM service type.

Because it is impossible to deploy RSVP throughout the entire Internet at the same time,
it is necessary to make RSVP coexistent with a non-RSVP cloud. RSVP is designed to
operate correctly through such a cloud. Because RSVP uses a normal routing protocol
just as other data packets, the “path” message will not be affected by non-RSVP routers.
A “reservation” message will be forwarded directly to the next hop by a non-RSVP router
without any change. But then, because the non-RSVP routers only offer best-effort

service, the end user may not get the required service.

2.3.3 Application Adaptation

An alternative approach is to adapt applications to the service provided by the existing
network. In the Internet domain, this means that we can build real-time transmission
based on best effort services, TCP/IP or UDP/IP. Compared to the above approach, the
adaptive approach has many benefits. First, the current network is a simple non-QoS
environment. With adaptive strategy and appropriate bandwidth, we can offer acceptable
real-time services. Second, because even in the future it is impossible to implement a
reservation strategy (like RSVP) across the entire network, we still need application
adaptation in a heterogeneous environment.

The network congestion is the key problem to overcome. It affects the transmission of

packets in two aspects. First, in the local area network, all the stations share the same
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media. When congestion occurs, a workstation encounters long and unanticipated delay
when attempting to access the network. Second, in a wide area network, a packet passes a
series of routers to arrive at the destination. When the congestion increases, the
accumulated queuing delay in these routers can be long and unanticipated. And in both
cases, because of the limited length of the queue, the packets can be lost. So, in order to
give an acceptable real-time transmission, we must do load variation adaptation, jitter
adaptation, and packet loss adaptation.

The three problems are related with each other. The common cause is network
congestion. There are two types of congestion in network load. The congestion in a scale
of millisecond, which is caused by short bursts of traffic on the network, is called short
term congestion. A jitter control mechanism is designed to overcome this kind of
congestion. A typical jitter control method is the buffering strategy. By setting an
appropriate buffer depth at the receiver end, we can accommodate the variation of delay,
and at the same time offer acceptable display latency.

But this jitter control mechanism doesn’t work in a situation of long term congestion. A
long-term congestion is caused by gross changes in network traffic that persist for
hundreds of milliseconds. In long-term congestion, the throughput of frames between a
transmitter and a receiver may not be sufficient to sustain normal display rates. This will
result in long end-to-end latency, large jitter, and frequent and consecutive packet loss. In
accommodating long-term congestion, the only way is adjusting the transmission rate. It
is not so easy to change the audio transmission rate in a wide range. Audio codec is not
like video, where bits stream can be easily controlled by dropping less important bits.

One possible way is to use a panoply of audio codecs. For example, we can accommodate
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the network traffic by switching among PCM (at 64 kb/s), various ADM( between 16
kb/s and 48 kb/s), GSM (at 11 kb/s), and LPC (below 5 kb/s) coders. A feedback
mechanism also needs to be built between a sender and a receiver to provide the sender
with current network traffic information.

Packet loss recovery is another method to improve the quality of audio transmission.
There are two kinds of packet loss. As mentioned before, the network itself may lose
packets because of traffic congestion. The other kind of packet loss is from those packets
with too long delay. The nature of audio requires that packets should be played
continuously. With jitter accommodation, the delay variation can be partly solved. But
there are still some packets that arrive later than the threshold. These packets are also
considered lost. The aim of packet loss recovery is to construct a suitable dummy packet
at the receiver, so that the loss is as imperceptible as possible. Voice reconstruction
techniques can be split into two categories; receiver only, and combined source and
channel techniques. Receiver only techniques are those that try to reconstruct the missing
packets of speech solely at the receiver, possibly from correctly received packets
preceding that which was lost. Combined source and channel techniques are those that try
to reconstruct the lost packets by either arranging for the transmitter to code the speech in
such a way as to be robust to packet loss, or by transmitting extra information to help

with reconstruction.
2.3.4 Real-Time Transport Protocol

To build real time services on top of the current Internet service, it is necessary to convey

time-related information in packets. TCP or UDP do not have such a feature. Although it
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is possible to solve this problem in the application layer, it is better to build a separate
layer between the application layer and the network layer to offer a real-time service.
This can give a standard common interface to all real-time applications and makes them
be able to talk with each other. The Real Time Protocol (RTP) is such a protocol.
Introduction

The Real-time Protocol (RTP) provides end-to-end delivery services for real-time data
stream, such as audio and video. The services provided include payload type
identification, sequence numbering, timestamping and delivery monitoring. Typically,
RTP runs on top of UDP/IP to make use of its multiplexing and checksum service. But it
is not limited to UDP. In fact, RTP is designed to be independent of the underlying
transport and network layers. RTP supports both unicast and multicast distributions if
they are provided by the underlying network.

It should be pointed out that, although it is called real-time protocol, RTP itself does not
provide any mechanism to guarantee real-time delivery. Instead, it relies on the lower
layer network services. RTP is a transport layer protocol; it resides between the network
layer and the application. But in implementation, it is not applied as a separate network
layer. Instead, it is often integrated into the application processing. RTP is not a strictly
defined protocol. It is quite flexible, and it is intended to be tailored through
modifications and /or additions to the header as needed.

RTP is consisting of two parts:

e The real-time protocol (RTP), which defines how to give packets real-time features.



e The RTP control protocol (RTCP), which defines the mechanism to monitor the
quality of service and to convey information about the participants in an on-going
session.

Protocol definitions and packet format

Application Application
Audio Audio
Session Session
Control 7 Control
RTP RTCP RTP RTCP
Portn Port n+1 Portn Port n+1
ubpp ubp
IP & —p 1P

Figure 2.3 RTP used scenario
A typical used scenario is shown in figure 2.3. The association among a set of

participants communicating with RTP is called a session. In unicast, there are only two
participants. In multicast, the association contains all the participants of a multicast
group. For each participant, a pair of ports is allocated to a real time stream. One port is
used for RTP packets, which contains data. The other one is used for RTCP associated
with the data. In a multimedia session, each real-time stream is carried in a separate RTP
session and occupies a pair of transport ports for each participant.

A RTP packet consists of a fixed RTP header, a possibly empty list of contributing
sources, and the payload data. Some of the important fields in RTP header are listed as
follows:

e Payload type. This field identifies the format of the payload data. An initial set of

default mappings is documented in RFC 1890, and may be extended in future RFC.
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By using this field. the sender can switch codec dynamically without extra channels
to inform the receiver.

e Sequence number. This field is the sequence number of data packets in data stream. It
gives a way to detect packet loss and reorder out of order packets.

e Timestamp. This is the most important field in the RTP header. It represents the time
of the first octet of the data packet. The timestamp is from a sampling clock that
increments monotonically and linearly in time and can be used to synchronize and
calculate jitter. The accuracy of the timestamp is determined by the sampling
frequency of the source of media.

e SSRC. This field identifies the synchronization source. It is to uniquely identify a
synchronization source within a RTP session. It is chosen randomly, and there is a
mechanism to detect and resolve collisions.

RTCP packets are sent periodically to all participants. This has four functions. The

primary function is to provide feedback on the quality of the data distribution. Such a

feedback mechanism is necessary in adaptive bandwidth control. It is also very useful in

multicast to let the sender or a third party observer to be able to get the feedback from the
receivers to diagnose faults in the distribution. The second function of RTCP is that it

carries a persistent identifier for an RTP source. Another RTCP function is that it offers a

loosely controlled session control mechanism. RTCP has 5 types of packets. They are

sender report (SR) for transmission and reception statistics from senders, receiver report

(RR) for reception statistics from receivers, SDES including CNAME, BYE packet to

indicate end of participation, and APP packet for application specific functions.



Both the SR and RR include zero or more report blocks. Only the SR packet contains a
sender info block. A participant sends SR packets if it sends any data packet during the
interval since issuing the last report, otherwise it sends RR packets. Some important
fields in sender info block and report block are listed as following:

e NTP timestamp. This timestamp indicates the wall-clock time when this packet was
sent. A receiver report with timestamp and elapsed time will be sent in response to
this report. The round-trip time can be calculated by combination of these
timestamps.

e RTP timestamp. This timestamp represent the same time as the previous timestamp,
but in the unit of RTP timestamp (sampling clock). This timestamp in combination
with RTP timestamp can be used to do intra-media and inter-media synchronization.

e Cumulative number of packets lost. The total number of lost packets form that given
SSRC. It is a factor to represent the quality of delivery.

e Inter-arrival jitter. It is the mean deviation of the inter-arrival time of the packets from
that given SSRC. It is a smoothed value, calculated from formula J=J+ (D(-1,1)}-
1)/16, where D(i-1,i) is the difference of transmission time of two consecutive
packets. It is another factor to describe the quality of delivery.

The RTCP only offers a mechanism to monitor quality of transmission. It does not define

how to analyze the statistics and how to react on the information received. It is up to the

application to decide how to use such a mechanism. The implementation of RTP/RTCP is
quite flexible. An application can fully realize¢ RTP/RTCP, or only support RTP part.

Actually, a lot of applications only use RTP part to make use of its timestamp

functionality without any quality monitor function support.



2.4 Voice over IP Applications and Application Protocols

2.4.1 Packet Telephony

Packet telephony is one of the most promising applications of voice over IP. Packet

telephony means the ability to make telephone calls (i.e., to do everything we can do

today with the PSTN)) and to send facsimiles over IP-based data networks with a suitable

quality of service (QoS) and a much superior cost/benefit. In order to offer such service,

we have to consider not only the QoS issues as mentioned before, but also an

infrastructure to conduct telephony services.
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Figure 2.4 shows the structure of end-point of a packet telephony prototype developed by
Bell Labs. It comprises a call engine that interfaces to the user for commands and handles
all the necessary signaling for call setup/teardown and other functions. The in and out
streams are handled by independent stream handlers that take care of network jitter and
local scheduling delays and provide continuous streaming of audio. The coder and
decoder are separate software components that can be plugged into the audio streams to
be able to switch between different codecs. It also contains a software component for
handling local acoustic echoes. Because in a packet telephone system the total round trip

delay could be much larger than that in PSTN, echo canceling is critical (Echo with large

Call object Call object
Local call reference Local call reference
Called ID,caller ID Called ID,caller ID

Call type Call type

Call Signaling(Q.931) Call
engine engine
StreamB | Audio stream Stream B
client client
Figure 2.5 Distributed call model

delay is much more annoying than that with small delay). The signaling between two
engines needs a reliable signaling channel. The reliable channel is provided by TCP.

In such a packet telephony system, since there is no switch in the middle to hold the state
of the call, a distributed call model is applied. This model only supports one end of the
call and supports its local state in its call engine and a call object is set up at both ends to
support a call. The call object specifies the ID of both parties, necessary information of

the connection, and current state of the call.
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Packet telephony can be applied over the entire Internet or within a private network.
Since in a private network, more control can easily be added to guarantee the QoS, it is
more practical to apply packet telephony there. A voice-over-IP gateway is needed in
such a scenario. The different scenarios are shown in figure 2.6. The PSTN gateway acts

as a bridge between local IP network and the PSTN. The PC-based voice terminal can

PC-based
Voice terminal
N
PC-based / Router
Voice terminal
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Telephone .
Voice
switch

Telephone

Telephone network

Figure 2.6 Packet telephony infrastructure
make a local phone call via the local IP or access the PSTN through the PSTN gateway.

2.4.2 Advanced Applications

Even though basic telephony and facsimile are the initial applications for voice over IP
(VoIP), the long term benefits are expected to be derived from multimedia and multi-
service applications, such as multimedia conferencing and Internet commerce. In these
applications, audio is an integral part of the systems that may also include video,
whiteboard, etc. Currently, there are several multimedia conferencing prototypes
developed on Mbone. Mbone is a virtual network on Internet, which supports multicast
and group delivery. Examples are Vic and Vat developed by LBL, VeVot by Schulzrinne

[5], etc. In these applications, instead of using a complete signaling protocol as
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mentioned before, they use some more lightweight control protocols, like SD in Vic and

Vat. SD is a session control protocol that can advertise the session and maintain a

multicast session.

2.4.3 H.323 Protocol

H.323 is an umbrella recommendation from the International Telecommunications Union
(ITU) that provides standards for audio, video, and data communications across non QoS
IP-based networks. It is part of a large series of communications standards that enable
videoconferencing across a range of networks, known as H.32x. The key benefits of
H.323 are:

e H.323 establishes standards for audio and video codec.

e It establishes a mechanism for receiving clients to communicate capabilities to the

sender.
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Figure 2.7 H.323 system architecture
e It is designed to run on top of an existing network.

e It is not tied to any hardware or operating system.
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e It provides a bandwidth management mechanism.

e Multicast support

H.323 defines four major components for a communication system: Terminals,

Gateways, gatekeepers, and Multipoint Control Units. The architecture is shown in figure

2.7.

e Terminals are end points that provide real-time two-way communications. All
terminals must support audio; video and data are optional. Terminals must also
support H.245, a protocol used to negotiate channel usage and capabilities. They must
also support Q.931 for call signaling and call setup, Registration/Admission/Status
(RAS) for communicating with Gatekeeper, and RTP/RTCP for sequencing audio and
video packets. T.120 for data conferencing is an option.

e Gateway is an optional element. Its main function is translation between H.323
conferencing endpoints and other terminal types. In addition, it also translates
between audio and video codecs and performs call setup and clearing.

e Gatekeeper is the most important component in a H.323 system. It acts as a virtual
switch for a H.323 zone. It has two main call control functions. The first is address
translation from LAN aliases for terminals and gateways to IP addresses. Other
required Gatekeeper functions are admissions control, bandwidth control and zone
management. Optional Gatekeeper functions include call control signaling, call
authorization, bandwidth management, call management. These control functions are
realized by H.245, Q.931, RAS, and RTP/RTCP protocols.

e The Multipoint Control Units (MCU) supports multipoint conferences. An MCU

consists of a Multipoint Controller (MC), and zero or more Multipoint Processors
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(MP). The MC handles H.245 negotiations between terminals to determine common
capabilities for audio and video processing. MP mixes, switches, and processes each
audio, video, and/or data streams.
The implementation of H.323 is quite flexible. It can be applied to voice-only handsets
and full multimedia conferencing stations. Because of all these benefits, it begins to take

root in the market.
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Chapter 3 Design Issues of Packet Voice over non-QoS
networks

3.1 Structure of a Packet Voice System

A packet voice system that we are going to study can be modeled as in figure 3.1. The
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Figure 3.1 Packet voice system
audio input receives analog audio from device, transfers it to digital signal and outputs to

codec. The codec component is composed of a collection of codecs that can be switched
dynamically. The data then is wrapped in transport layer packets, and a packet header is
added for each packet. The header contains timestamp, sequence number, and other r