Emulation Study of Speech Communications

over ATM Networks
by

Donglin Shen, B. A

A thesis submitted to
the Faculty of Graduate Studies and Research
in partial fulfillment of
the requirements for the degree of
Master of Application Scicnee
Department of Electrical Engineering

University of Ottawa
Ouawa, Canada

- €1996, Danglin Shen



.
Bl R

Acquist*ions and

Bibliothéque nationale
du Canada

Direction des acquisitions et

Bibliographic Services Branch  des services bibliographiques

395 Wellinglon Streel
Cttawa, Ontario
K1A ON4 K1A ON4

The author has granted an
irrevocable non-exclusive licence
allowing the National Library of
Canada to reproduce, Iloan,
distribute or sell copies of
his/her thesis by any means and
in any form or format, making
this thesis available to interested
persons.

The author retains ownership of
. the copyright in his/her thesis.
Neither the thesis nor substantial
~ extracts from it may be printed or
otherwise reproduced - without
his/her permission.

395, rue Wellington
Ottawa (Ontario}

Your hie Volre rélférence

Cur fle  Natre 1éfdrence

L'auteur a accordé une licence
irrévocable et non exclusive
permettant a la Bibliotheque
nationale du Canada de
reproduire, préter, distribuer ou
vendre des copies de sa thése
de quelque maniere et sous
quelque forme que ce soit pour
metire des exemplaires de cette
these a la disposition des
personnes intéressées.

L'auteur conserve la propriété du
droit d’auteur qui protége sa
thése. Ni la thése ni des extraits
substantiels de celleci ne’
doivent étre imprimés ou
autrement reproduits sans son
autorisation, |

ISBN 0-612-15672-9

Cénad'e’i.



== UNIVERSITE D'OTTAWA
UNIVERSITY OF OTTAWA



Abstract

Speech communications over ATM networks is one of the important issues in the
broadband ISDN. Although CCITT Study Group XIil has already proposed the
Draft Recommendation 1121 on speech communications over broadband 1SDN.
there are many open issues (o be further studied before the effective deployment of

speech communications over broadband ISDN can take place.

In this thesis, several issucs on speech transmission over ATM network have been
studied, such as packetization delay, network queuing delay, digital speech encod-
ing algorithms and PVR algorithm. A packetized speech emulation device is pro-
poscd to pruvidc the capability of subjective speech transmission gquality
evaluation over ATM network or other kind of packetized network. The boundary
of specch transmission quality degradation that human hearing can tolerate against
information loss rate, delay fluctuation and encoding mechanism arc found
through emulation. The echo effect in ATM network, which is a primary issve in

speech communications is also discussed in the thesis.

In particular, the emphasis is given to the specification, design and implementation
of ATM speech emulator which consists of two subsystems: ATM Network Simu-
tator (ATMNS) and Speech Transmission Emulator (STE). ATMNS has been spec-
~ ilicd according to the results of ATM network performance analysis, and STE is
bascd on ATM specifications recommended by CCITT. A prototype of the emula-
tor has been implemented on a personal computer and DSP5600 development sys-
tem with a special designed audio interface to interconnect phone sets 10 the
i)SPSG(JO AD input. The software had been written in “C” and DSP assembly lan-

suage.

Subjective evaluation arc conducted in terms of following factors: Cell discarding
rate, different network queving delay and fluctuation to different PVR algorithms,
These factors are hasic issues which may affect ATM speech transmission quality

in ATM network. Finally. test results under dilTerent network conditions are given,
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CHAPTER 1 Introduction

In 1830, two weeks were expected for news to travel from Washington DC to New
Orleans and three weeks were normal from New York to Chicago. But today, one
hundred and sixty years later, we can call the people who {ive in the other side of
the world just like to call our neighbor. If we use photonic network to provide news
services, it only takes about few seconds for news to travel from an editor's termi-

nal in New York to the reader's screen who may live in the Far East,

As technology advances, computers and telecommunications become even more
fnlerconnectcd, people will reach for information as a normal pért of their every
day lives - such as to make business decisions, treat illness, educate youngsters,
conduct financial transactions, seek employmentlopporlunities, and engage in hun-
dred personal, business and entertainment acﬁvitics. On the other hand, the
increase of service requirements on the telecommunications market will stimulate

the rapid evolution of telecom technology.



The breakthrough of computer. VLSI and fiber optic technologies have brought
revolutionary changes in teleccommunications and our daily life. The tremendous
bandwidth provided by optic fiber makes it possible for one telecom network to
meet all kind of services requircments, from narrow band data, voice services to
wide band video and high speed data transfers. A most promising service that
today's technology can support is telcconferencing which integrates data, voice and
real time video services together into one application. so that the people around the
world can engage in a conference over a telecommunication network just like in a
meeting room. These are the objectives of the broadband service and the basic
motivation of the deployment of the BISDN - Broadband Integrated Service Digi-

tal Networks.

The concept of ISDN first attracted people's attention in 1976, on the IEEE Com-
munications Society ISDN Symposium[1]. The contentious issue was whether or
not we needed digital switches in the local office. Unfortunately, general agrec-
ment was not reached until the fourth symposium in 1983. At this time, there was 4
heavy emphasis on obtaining the opinions of potential users as to their require-
ments for ISDN. Actually it was a real take off of ISDN. People started to think
about the market of ISDN, how ISDN customer premises equipment should be

developed and implemented.

The first intimation of broadband ISDN was on the 3rd ISDN symposium in 1981
by the keynote speaker - Irwin Dorros. He provided a vision of a targe digilallpipc
to the premises. At that time, the idea of l‘:r;;adband ISDN was only a pipe, which
did not cause much atiention from attendees. It was not until the seventh sympo-
sium in 1989 that BISDN started to reccive a good deal of atlehﬁon for the first
lirﬁc. Since then, the number of rescarch papers and publication# on B-ISDN net-

works has just been growing at a tremendous speed.



1.1

Before ISDN was formally proposed, telecommunications networks were divided
into two categories: connection-oriented circuit-switch networks which are mainly
used for telephone services and connectionless oriented packet-switched networks
which are mainly used for data transfer services. Packet switched network was
originally designed for data transfer services, such as the ARPA net. In the last
decade, a lot of research has been done on packet voice technology. But because of
the variable packet delays commonly encountered in packet switch networks, the

issue of voice quality has not been properly resolved.

ATM Overview

Asynchronous Transfer Mode (ATM) technology is expected to enable future
Broadband Integrated Service Digital Networks (BISDN) to handle integrated traf-
fic ranging from narrow band voice and data services to broadband high speed data
transfer and video services, such as HDTYV, video on demand and some other mul-
limedia applications. The ATM. approach provides a flexible means for the
dynamic bandwidth allocation and multimedia communications to support a wide

range of BISDN services.

The goal of BISDN is to define a user interface and a network that will meet these
various service requirements. An objective of BISDN is to be able to accommodate
dynamic changes in service mixes, both at the level of the individual interface as

well as over the whole system. High-capacity and high-performance fiber-based

. transmission facilities are generally assumed to be required to support this environ-

* ment. In addition, the network must have flexible switching capabilities and spe-

cial-purpose service modules

“Aéynchronous“ has often been confused with asynchronous transmission. In fact,
ATM is not just an asynchronous transmission technique. Figure I.I shows the

3



hierarchical relationships of some of the {unctional layers required for information

transfer across BISDN.

The transmission layer, also referred 1o as the physical medium-dependent layer,
underlies the transfer modes. A wide variety of service modules can be supported
as higher-layer functions above the transfer mode layer. Connectionless services,
multimedia, and digital signal processing capabilities can all be included in the
BISDN as service modules. User-network signalling for control of connection-ori-
ented and complex services also belongs at this level. A point-to-point connection-
oriented service may not require a service module above the transfer mode layer,
since ATM can be used to perform the relaying functions required to transport the

user information through the network.

T151 ETS!
Service Modules
ACF VCI/VP)
AT o] VCIVPI
Transfer Mode - _ vel vCIPI
vet| ype |Prority HeS  [1ype |Spard
HCS
Transmission
FIGURE 1.1 BISDN Functional Layer FIGURE 1.2 ATM Header Format

The choice of ATM as the transfer mode for BISDN is a fundamental shift in trans-
mission principles. At the beginning, there were major disagreements on the most
appropriate transfer mode for BISDN. The traditional Synchronous Transfer Mode

(STM), based on time division switching and multiplexing, was initiatly assumed



to be the appropriate transfer mode for BISDN by many, though there was a rela-

tively small but vocal group of defenders for “new” ATM techniques.

The major issue that made ATM unpopular at that time was the degree to which
voice service quality considerations should be a factor in determining ATM param-
eters. While it was recognized that voice services would have to be interworked
with cxisting network facilities for a considerable period of time, views differed on
the implications of this requirement on the specification of ATM parameters. Thus,
the voice quality could be poorer relative to existing systems. There were also
other factors to be taken into account in deciding these parameters. These could be
more significant for the long-term utility of the network, e.g., suitability for high-
quality video and high-speed data. These concerns and uncertainties of ATM net-
works do result in extensive research on the issues. These research efforts help to
speed up the p'r'ocess of ATM network standardization. But the issue of ATM

speech communication was still (and it is) not successfully resolved.

An ATM network is composed of cell processing nodes and digital transmission
links. A cell is composed of a cell header (5 octets for North American proposed
standard and 4 octets for European Standard, please refer to Figure 1.2 ) for label-
ing and control, and an information field (48 octets North American apd 32 octets
‘ Was proposed by European) that carries the data block. An ATM node is composed
of an ATM-MUX (multiplexer) including a coder-decoder (codec), a cell assem-
bly/disassembly function, and/or cell switching and branching functions. In con-

ventional circuit switching networks, speech is multiplexed every eight bits, and a

1. Atthe time this work was done, American and European groups have not reached the agreement
on the cell size. The European community was still insisting on the 32 octets cell size for a better
voice quality. At the time this thesis was written, both communities have already reached the agree-
nient on a 48 octets cell sized as proposed by the North American community for a better network
utilization. The design of the speech emulator had considered both proposals. In Chapter 6. the per-
formances of both proposals have been evaluated as well. .
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synchronous frame signal is inserted into the time bit stream as a reference to iden-
tify a channel according to its time position. Each channel is in exclusive posses-
sion until the call is terminated, becuuse of channel discrimination by the time
position of the bit stream. Thus, the transmission rate of a channel must be con-
stant. Conversely, in ATM networks, cells can be transmitted to the destination des-
ignated by the cell header only when information is being gencrated. All of the
information required to label and control the cell is stored in the cell header, There-
fore, the ATM is not tailored to a kind of information, it rather prévides a flexible
transmission mode for all kind of information. Because of this flexibility, the cell
delivery is not perfectly guaranteed as in STM network when network congestion
or other error condition occurs. These uncertainties will definitely have an impact

to the fidelity of voice communications,

Objectives

The main objective of this thesis is to study, through emulation, the speech trans-
mission quality issues in ATM networks. It includes the issucs of cell loss rate, cell

transmission delay and variation, PVR algorithm and echo impact.

The next section in this chapter will outline the structure of this thesis with « briel
description of the contents of each chapter. Finally, the contributions of this study

are highlighted.

Outline of the Thesis

In Chapter 2, after a brief introduction to digital speech communications technol-
ogy, a review of existing problems of packetized voice and congestion control

techniques in ATM networks is presented. The emphasis has been put on the



impact of ATM network traffic parameters, such as cell delay and cell loss rate, to

specch transmission quality.

In Chapter 3, we concentrate on one of the major problems encountered in pack-
ctized speech transmission - network queucing delay. Simulation models of ATM
nctworks and cell delay distribution function are then discussed. Based on the
characteristics of ATM cell arrival delay distribution, an approach for generating

cell delays is proposed.

In Chapter 4, several packet voice receiving (PVR) strategies in regular packet
switched networks have been reviewed and the strategies for ATM packet voice
receivers have been developed based on the previous analysis. Emphasis has been
made on how these PVR algorithms will compensate the delays that ATM cells

experience in the network.

In Chapter 5, the design and the implementation of the ATM Speech Emulator is
presented. The hardware and software configuration of the speech emulator are
considered as well. The main elements of the real time emulation program are

described therein.

In Chapter 6, a group of experiments is defined to verify the functionality of the
speech emulator and some relevant issues in ATM speech communications. The
results of the emulation ﬁave been evaluated using the Mean Opinion Score (MOS)
system. The factors that influence the speech transport quality are analysed therein.

Finally, cxperimental results are presented.

In Chapter 7, concluding remarks are given to evaluate this Speech Emulator
implementation. Also further suggestions on ATM speech communications are

given and discussed.
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Finally, an appendix including the audio interface circuit is included for reference.

Contributions of the Study

This study has been presented in a TRIO Retreat, 1991 at Peterborouph. Ontario. It
attracted a lot of people’s attention to know what the speech emulator could do and
how it was configured without special high spced equipment. In general, this study
has achieved thrce contributions: 1) it is an experiment which proves that it is lea-

sible to use low cost off-shelf hardware to build an ATM speech transmission emu-

lator; 2) two ATM voice receiving strategies have been proposed and verified

through emulation; 3) through subjective speech transmission evaluation, we have
found out, under various network conditions, the limits of human hearing tolerance
on ATM cell loss rate and cell transmission delay. It provides a useful reference to

future ATM voice transmission study and ATM network design.



CHAPTER 2 Speech Communications and
ATM Network

2.1 Speech Communications

- 2.1.1 Characteristics of Speech signal
When we talk over the phone, the voice is converted into an electrical signal which
is transmilted through the telephone system to the listener. At the listener’s end,
~ this electrical signal is converted back to the audible voice, which makes the tele-
phone conversation feasible. Based on this scenario, speech signal can be defined
as an analog output signa! of a conversion device which accordingly converts the

acoustic energy generated from the talker into an electrical signal waveform.

In a telephone system, the telephone set serves as a transducer for converting
acoustic speech energy to an electrical signal which can be transmitted along phys-
.icz'il medium. When the telephone handset is in off-hook condition, a direct current
is supplied by the telephone system over the wires leading to the customer’s set.
When we talk to the microphone in the phoneset, the changes in acoustic pressure

!

9



2.1.2

will be modulated on the dircet current it the audio rate. The ac component of this

modulated current is commonly referred to as telephone speech signal.

The telephone speech signal at the central office has most of its energy concen-
trated in a band of frequencies from about 100 Hz 1o 5 KHz. This is a combined
result of both the characteristics of the human voice and the band limitation intro-
duced by a typical telephone set and loop {3]. This band is much wider than the
need of the intelligibility, and ils advantageous to further limit the bandwidth to
improve performance in the presence of interference and noisc. The optimum
trade-off between economics and quality of transmis.sion generally occurs when
the telephone speech signal is band-limited to the range from about 200 to 3200 Hz

with fi oiiowing properties[3]:

* frequency range: 200 to 3200 Hz
+ signal-to-noise ratio: > 30 dB

* harmonic distortion: <2 (0 3%

Speech Signal Transmission

The basic speech signal is amplitude modulated at a syllabic rate. In addition, the
speaker’s pauses between phrases and sentences resulting in the speech encrgy
being concentrated in “talk-spurts” of about 1-second average duration scparated
by gaps of a second or so. Thus the speech signal consists of randomly spaced

bursts of energy'of random duration.

Brady P.T.[53] has studied the conventional conversation activitics between two
talkers and formularized them into ten events. The four events which an average.
talker is aware of are the talkspurt, pause, double talk and mutual silence. They are

defined as:
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* Talkspurt: i continuous segment of speech between two silence period.
* Pause: a continuous segment of silence
* Double talk: a time when the speech is present from both talkers

* Mutual silence:  a time when silence is present from both talkers

By referencing Brady’s analysis, the speech signal in a telephone system can be
summarized into two events - speech and silence. The speech is defined as a con-
tinuous segment of speech signal between twao silence periods, which includes the
near end talker’s talkspurt and the far end talker’s echo talkspurt signals if applica-
ble. The echo is caused by the impedance mismatch of the 2 to 4 wires conversion
hybrid in the telephone system. The silence can be defined as a continuous seg-
ment of no speech signal between two speech periods, which includes the pause

and mutual silence. The speech signal transmission in the telephone system is

.
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FIGURE 2.1 Speech signél transmission in telephone system

depicted in Figure 2.1 . The speech signal on the upper transmission line consists
of talker A's speech signal and talker B's echo signal which is reflected by talker A

side’s hybrid.
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2.1.3

According to Brady's analysis, the means and standard deviations of the average of

the four events are shown in Tuble 2.1 .

Event Mean {Sec} Standard Deviation (Sec)
Talkspurt 1.197 0444
Pause 1.846 (0.648
Double Talk 0.251 0.055
Mutual Silence (466 0,088

TABLE 2.1.  Mean and Standard Deviation of a Voice Conversation

In a normal conversation, the speech only takes about 40% of the total time, which
indicates that 60% of speech duration is pause or silence. If the speech detection
technique is applied to ATM network, it will make the speech signal transmission

much more efficient, almost doubling the channel capacity.

Speech signal digitization .!
Since the interesting nature of the subject and its usefulness in a varicty ol applica-
tions, the field of voice digitization has received intensive study in the last 20
years[4]. These studies have produced many different types of voice digitizers
(speech coder) with numerous variations of each type. The choice of a particular
type is primarily dependent on the application and the level of voice quality
desired. Generally speaking, applications may be calegorizg_d as: (1) transmission,
) switching, (3} storage, or combiﬁations of these[4]. Speech coders for transmis-
sion can be further classified according to wideband or narrowband applications,
Wideband transmission applications involve T-carrier-like systems where standard
telephone quality is desired. Speech coders uscd for ATM network belongs 1o this.
category. Al present, economical tclcphonc-ﬁualily voicé digitizers require trans-
mission rates between 32 and 64 kbps. Even grﬁalcr data f:llcs arc required for dig-

ital transmission of program audio where higher quality is desired. For example.
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384 kbps (including parity bits) has been proposed as a CCIR standard for sound

broadcast signals [4].

Narrowband transmission applications generally arise when existing analog facili-
ties arc usced such as the public telephone network or high frequency (HF) radio
channels for sccure voice applications. Voice digitizers used in digital celiular
phone system arc another typical application of the narrow band digitizer. These
applications typically restrict the transmission rates to a range between 2 kbps and

16 kbps.

Since the internal bandwidth of a switching system is generally less constrained
~than the bandwidth ol a transmission system, voice digitizers for switching appli-

cations typically use simple implementations with somewhat higher data rates.

In general, voice digitization techniques can be categorized into two classes, wave-
form reconstruction and analysis-synthesis. The fisst class encodes the analog
waveform as faithfully as possible. It generates an output waveform which looks
like the original input signal. This class is representative of the general problem of
analog-to-digital and digital-to-analog conversions and is signal independent.
Hence, ii can code equally well a variety of signals such as speech, music and
tones. The most commonly used method in the higher ranges of transmission rate
is the Pulse Code Modulation (PCM) in which input speech is sampled in the order
of 8 KHz and coded using 6-10 bits/sample yielding 48-80Kb/s digita! signal. In
addition to this standard method, several low bit-rate algorithms have been devel-
oped which take advantage of the correlation properties of the speech waveform
[3). The basic premise is that fewer bits are needed to code the derivative of the
speech than to code the speech directly. Therefore, the difference between adjacent

siimples are coded for transmission instead of the individual sample as in PCM.
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The second class is called analysis-synthesis which is used to produce 2 very low
digital speech data rate for narrow band transmission systems or digital storage
devices with limited capacity. The tnput speech is analyzed at fixed-duration inter-
vals, frames. which are coded by a small number of bits for transmission. Some
approaches for analyzing speech are the recognitions of speech phonemes, pitch
periods and formats. A synthesizer can then reconstruct the speech By rcc;'caltirlg
the speech phonemes, bitch periods and formats based on the received coded data.
Although this technique is capable of producing intelligible speech, generally the

naturalness is lost.
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FIGURE 2.2 Spectrum of Speech Coding Transmission Rates

A spectrum of speech coding transmission ratcs of different coding standard arc
shown in Figure 2.2 [6]. The figure highlighls both waveform reconstruction cod-
ers that need relatively higher transmission rates and the analysis-synthesis coders

for digitization at relatively lower bit rates. The figure also indicates the quality of
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speech reproduction that can presently be attained at a bit rate. The quality charac-

terizations are denoted based on Most Opinion Score (MOS) system.[45]

Vocoders in the analysis-synthesis range provide a synthetic quality where the sig-
nal usually bas lost substantial naturalness. Typically the signal sounds automaton
like. Talker recognition is substantially degraded and vocoder performance is

talker dependent.

Waveform codecs that provide communications quality speech can be realized
with rates below 16 Kb/s. The signal is highly intelligible but has noticeable qual-

ity reduction, some detectable distortion and perhaps lessened talker recognition.

Telephone toll quality digital codecs can be realized for speech signals at coding
rate between 16 Kb/s and 64 Kb/s. The term toll quality is typically used to imply
quality comparable to that of an analog speech signal having approximately the

following properties:

At the upper end of the spectrum, above 64 Kb/s, it is possible to obtain the signal-
lo-noise ratio and harmonic distortion characteristic of toll quality with input sig-
nal bandwidth significantly wider than normal telephone (e.g. 0 to 7 KHz or bet-
ter). This grade of qualil& is referred to as commentary quality. It is appropriate for

digitizing some varieties of radio broadcast material,

2.1.4 Echo in Speech Transmission -

2141 Echo

An echo, which is a reflection of a portion of the incident signal power, is produced

©in & transmission system whergver there is an impedance discontinuity. The most
likely point of significant impedance discontinuify in the switched telephone net-
work is at the connection to the customer loop in the end office.

4
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An ccho traveling in the opposite direction to the signal is often called a talker
echo. If the talker echo is again reflected so that it travels in the same direction as
the desired signal. it is called a listener echo. 1t has been observed that telephone
circuits designed to limit talker echo usvally provide adequate listencr echo perfor-
marnce for voice transmission. The return loss on the data loops has been improved

by the use of impedance-correcting networks.[3]

Talker echo, when audible, is at least an annoyance and, in severe cases, an actual
impediment to the talker's normal speech process. The impairing effect of the echo
depends on its amplitude and absolute delay. The amplitude of the echo is depen-
dent on the circuit loss to the point of reflection. the return loss (commonly
referred to as terminal balance) at the reflection, and the circuit loss in the trans-
mission path back to the talker. The total acoustic-to-acoustic loss in the echo path
ts called the echo-path loss. Talker echo is controlled in the swilchcd telephone
netWork by inserting loss in the transmission path, by‘mceling minimum return
loss requirements at points of impedance discontinuity, and by using echo suppres-

sors or echo cancelers.

A reflection of the talker-echo signal at the talker's end of the connection may be
heard by the listener and thus is referred (o as listener ccho. Meihods used to con-’
trol talker echo and singing generally conu:ol listener echo and therefore eliminate
listener echo as a problem. Singing, or circuit oscillation, will occur if there is a net
gain for energy circulating in the transmission path. A singing circuit is, of course.
unusable and, in addition, can impair other circuits in the same facility. A near-
singing condition, just before oscillation occurs, gives the circuit a highly objec-
“tionable hollow-sounding quality. Hénc;,"adequulc singing margin has to be pro-l
vided: this is done through the contro'l of circuit loss and return loss. The objective

is to have at least 10-dB singing margin in 95 percent of all circuits.
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21.4.2 Echo return loss

The magnitude of the echo that a talker hears will depend on the echo-path loss.
which is the sum of lhe return loss at the impedance discontinuity and the round-
trip loss to that point in the circuit. As, previously mentioned, however, the cus-
tomer's tolerance of the echo depends not only on the echo magnitude, but also on
the round-trip delay between the echo and original signal. If the delay cannot be
reduced and il return losses are improved as much as economically possible by
|mped'mce balancing, the echo magnitude can be decreased by i mcreasmg the elec-
ll‘lCdl loss between the talker and the point where the mismatch occurs, at the
unavoidable cost of reducing received volumes. Alternatively, the echa can be
eliminated at the cost of installing echo’ suppressors or echo cancelers in the sys-

tem.

Figure 2.4 shows how the grade-of-service (GOB) {3] opinion varies with echo-

path loss for various round-trip echo-path delays. The curves show that the percent
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of GOB opinion decreases with deereasing echo-path loss and/or increasing echo-
path detay. The least expensive means of controlling echo and meeting grade-of-

service objectives is to introduce additional loss in the transmission path,
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FIGURE 2.4 The Effect of Echo Path Loss and Delay vs. Transmission Quality

If the voice signal is carried in a purely digital format (e.g., via a digital carrier sys-
tem), control of talker echo leads to a simpler trunk-loss administration plan. For-
tunately, the delays encountered in a digital network arc less than those in the
analog plant because of lower delays in the multiplex terminals and digital-switch-
ing machines. Therefore, the optimum loss for echo is less than that required for
the analog plant [3]. This as well as other considerations have made possible a
fixed-loss trunk design for a purely digital-signal network. A loss of 6 dB for all
length connections has been selected as the best compromise. This loss is oblained

by allocating 3-dB loss to both the transmitting and receiving toll-connecting
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trunks which connect the analog voice-signal to the digital-multiplex terminals at

the toll office|71.

2.1.4.3 Echo Suppressors - Echo Cancelers

2.15

An echo suppressor |8] is basically a pair of voice-operated swilches which, while
onc party is talking, inscrt a loss of 35 dB or more in the echo return path. When
both partics talk simultancously, the talker whose signal is stronger at the echo
suppressor point controls the switch. Sometimes, the echo suppressor is imple-
mented as two split echo suppressors, one appearing near each end of the circuit.
At each end, the loss is controlled only in the outgoing path, based on the signals
received [rom both directions. Although they effectively suppress echoes, echo
suppressors can introduce transmission impairments by sometimes clipping the
beginning ol words. The latest echo-suppressor design works on digital signals in a
digital switch [9]]10]. Time sharing and digital processing techniques permit

improved characteristics of echo cancellation and also reduced costs.

Another technique for improving echo performance that is widely deployed in tele-
communications network is known as echo cancellation[ 1 1]. This method uses sig-
nal correlation techniques to determine pafameters of a filter that processes the
incoming signal on the 4-wire side of a hybrid. The filter forms an estimate of the
echo when an incoming signal is present. This estimate is subtracted from the sig-

nal on the return path.

Speech Ouality Evaluation

After an analog speech signal is band-limited, digitized and passed through a digi-
tal communication network, a ‘certain degree of quality degradation will be
expected at the receiver. Obviously, for good voice communication, it is necessary

to understand every word. to recognize the speaker and to be able to detect from
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the tonc some other information that is not expressed verbally, such as the
speaker's mood. There have been many studies about the components of the quality
of speech communication but none of them is objective enough to automate the
process and build a system for measuring the absolute objective quality of a soundd
reproduction system. This is because it is already rather difficult to recognize iso-
lated words in an absolute objective way beeause recognition depends on the num-
ber of syllables, the choice of listeners. their conditions and experience,
background noise and the particular speaker. However, there are many subjective
techniques for measuring speech reproduction quality. These techniques are based
on subjective evaluations by a test group of people indicating preference, intelligi-

bility of isolated words and phrases, distinguishing rhymths and the like,

Measurement of the speech quality is a difficult and a long standing problem. The
IEEE recommended three methods for subjective measurement based on individ-
ual preference {19]. They are the lsopreference Method, the Rélulivc Preference
Method and the Category-Judgement Method. These methods can only be used to
evaluate speech signals which are generated by one-way communication systems,
Systems, such as two-way systems in which interactive communication takes

place, can not be evaluated by these methods.

For the purpose of the experiment, a commonly used subjective rating scale of 0-4
is used, whenever possible, to quantify the level of digital speech quality. The
speech quality is assessed in terms of both subjective quality, defined using opin-
ion equivalent @ (Q,,), and intelligibility [12]. Opinion raling is employed to
assess satisfaction with speech quality. Five grades of speech quality are distin-
gﬁishcd (excellent. good, fair, poor, and unsatisfactory) and weighted mean values
- are calculated using weights of 4-0. The value obtained is called the Mean Opinion

Score (MOS). To normalize the sending and receiving quality factors, the equiva-

20



2.2

lent noise method, applied to an opinion lest, 15 used to assess speech coding. In
this method, the test signal is compared with reference signals having variable
speech-correlated noise levels. Opinion equivalent @, is defined as the speech to
speech-correlated noise ratio of the reference signal recommended by the CCITT

[13]. whose MOS is equal to that of the test signal.

Intelligibility is assessed by articulation: Articulation is the ratio of vocal sounds
sent from the sending end to those correctly received at the receiving end. The used
for the articulation measurements consist of monosyllables. Sound articulation is

defined as the ratio of sent phonemes to correctly received phonemes.

Speech Transport on An ATM network

ATM network is a high speed packetized network. In ATM, specific time slots are

not assigned to a channel. Instead, the information is carricd in cells, which consist

~of a header and an information field. The headesr contains a label that uniquely

identifies a virtual channel and is used for multiplexing and routing. Current
CCITT agreements specify 5 octets for the header and 48 octets for the informa-

tion field size.

Speech signals are typically encoded using a 64 kb/s p-law or A-law (PCM)
encoding algorithm, where an 8-bit voice sample is generated every 125 us. Pack-
elization delay is defined as the delay introduced when packetizing mdlliple voice
samples into an ATM cell at the input 't_o an ATM network and then unpacking the
cell into a continuous bit stream at the output. The packetization delay is made up
of waiting time at the input and emission time at the output of the ATM network.
As the voice samples are gencrméd at rate of one per 125us, the packetization
delay associated with a putting n voice samples into the payload of an ATM cell is
n X 125us. Thus. for a 48-octet information field the packetization delay for 64 kb/
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2.2.1

s voice is 6 ms and for 32 kb/s Adaptive Ditferential PCM (ADPCM) ehcading

algorithm is 12 ms.

There are two magjor lactors in digital communications systems which degrade the
digital speech signal transmission quality. One is information loss rate and the
other is signal transmission delay. In circuit switched systems., since dedicated
bandwidth is allocated before the actual communication is started, the information
loss rate is very low (10 or better) which only accurs when channel transmission
error takes place, and the signal transmission delay is constant. In a digital pack-
etized telephone system, because of the packet delay variation caused by flexible
channel bandwidth allocation, these two factors will cause more severe problems

than in the circuit switched sysiem.

Cell Loss Rate
Cell loss rate is defined as the percentage of ATM cells which are lost during the

transmission process. In ATM network, cell loss occurs in conditions, such as net-
work congestion, cell misdelivery, cell discarding or extensive cell propagation

delay.
Network congestion

Network congestion could be caused by several reasons, bursty traffic source is

one of the major reasons in ATM network to cause the congestion.

Most traffic source applied 16 ATM network are bursty, such as compressed video
or high speed data. Such kind of bursty traffic source may gencrate cells at a near-
peak rate within a very short period of time, and then just about second later, it
may become completely idle contributing no traffic on the network. ATM network
has to support a large number of such bursty traffic sources, cach changing their

traffic load dynamically. Thus. the network traffic can change rapidly, lorcing the

22



network 1o move from one degree of congestion to another even when the number
of calls on a network is constant. Due to this, it is possible that a large number of
cells are lost during congestion periods, even when the tong term averaged value of
cell loss rate is kept smatl. In voice communications. for instance. this bursty loss
of voice cclls may cause noticeable performance degradation, such as clicks, at a

destination user.

Cell Misdelivery

The speech samples are packed in a 48 bytes ATM cell and the routing information
is contained in the 5 octets header. If bit errors occur in the header field which can
not be corrected by the error control code, the whole cell (48 samples) will be mis-
delivered to other network node and eventally lost. In today’s liber optic network

with very low bit crror rate (10 or better), this is a very low probability event.

Cell Discarding

Cell discarding is the result of network congestion conditions. During network
congestion, a congestion control mechanism will be activated. It will refuse the
new connection request and also purposely discarding cells according to different
algorithm in order to recover from the network congestion [15]. Cell discarding
can also occur at ATM switch when the input or output buffer is overflow during

the congestion.

Extensive Cell Propagation Delay

During‘lhc network congestion period, cells could be queued up at each switch
node on the path, resulting in the cell propagation delay being increased. When the
congestion reach certain level, the input/output buffers will be overflowed which
results in cell discarded as described in previous paragraph. It is a trade-off

v

between cell loss rate and cell propagation delay. In order to reduce the cell loss
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2.2.3

rate. a larger buffer has to be considered at the switch node (o compensate the
queuing delay. This will definitely reduce the cell loss rate. But it also increase the
cell propagation delay which is a negative impact to the delay sensitive applica-

tions like voice and real time image 141,

Cell Transmission Delay

In the telephone network. normally, delay refers 1o the transmission time required
for the talker's speech-signal to reach the listener. The subjective reaction 1o delay
is very different from that caused by echo. Within the continental United States,
the currently used terrestrial facilities may introduce up to about 20-ms one-way
delay, depending on the length and type of facility. Overseas connections via sub-
marine cable may have one-way delays ranging up to 100 ms{27]. Delays of these
magnitudes have no effect on speech transmission. However, larger delays, of the
order of hundreds of milliseconds, are within human reaction time and thus can be
expected to affect the user’s opinion of a circuil. Subjective tests have shown that
there generally is no adverse reaction to onc-way delays in the range of 300 to 600
ms (600 to 1200 ms round trip) by customers unfamiliar with delay and not antici-

pating it (3].

ATM Cell Delay and Variation(Jitter)

In ATM network, the end-1o-end cell transmission delay consists of two compo-
nents. One is the constant delay which is the delay incurred when cell is packetized
and propagated through the network and other is variable network queuing delay.
When different CODEC or packetization technique is applicd, the packetization

delay will be changed accordingly.
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As we discussed in previous section, due to queucing, transfer delays experienced
by successive cells of a given connection throughout the ATM nciwork are differ-

ent: this phenomenon is referred as Cell Delay Variation (CDV;[52].

Celi delay variation has direct impact on the quality of real time continuous signals
transmission, such as real time speech or video communications. in order to over-
come the problem caused by cell delay variation, cell playback compensation
delay (See Figure 2.5 ) have to be considered as well. The playback compensation

delay depends on the cell transmission delay and its fluctuation as well.
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FIGURE 2.5 Spesch Processing in ATM Network

2.2.4 Echo in ATM Network

There are two primary sources of echo existing in ATM network environment:
cchoﬁ arising from the customer interface to an ATM network (either the echo
resulting from the acoustic path between the transmitter and receiver of a full-
duplex telephone or the echo resulting from the use of a two wire telephone set via
an ATM terminal adaptor), and echo arising from connections o the existing

mixed analog/digital network.
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Figure 2.6 illustrates these echo sources in ATM network connections. Section (i)
identifies the acoustic echo gcnerated in telephone set. (b) and (¢) indicate the echo

sources at the interconnection point with cxisting network.
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FIGURE 2.6 Echo Source in ATM Network

ATM Traffic Description Parameters _

Traffic descriptors are a set of parameters which are used to accurately predict net-

work traffic conditions and performance.

When a new connection is requested, the network needs to know the traffic charac-
teristics of the new connection’ in order to accurately predict its ability to m.umdm

a certain performance level, A sct of traffic descriptors given from a user to a ncl-

work will include suffi icient pammeters so that the network can accuralcly deter-

mine. the user's traffic characteristics, However, from implementation poinl of

view, a scl of traffic descriptors should include the fewest possible parameters.

In general, the peak bit rate, the average bit rate and a measurement of burstiness

are the most commonly used parameters as traffic descriptors. Among them,

26



“burstiness™ is the most important parameler, especially in an ATM network where
most traflic sources are highly bursty. Burstiness is a parameter which describes
how densely or sparsely cell arrival occur. 1t is well known that burstiness plays a
critical role in determining network performance. At present, no consensus has
been achieved as to how one can describe burstiness. Possible definitions of bursti-

ness proposed include:

the ratio of peak bit rate to average bit rate [16]

* the average burst length, i.e., the mean duration of time interval during which

the traffic source transit at the peak rate [17]

» burst factor defined as the average number of bits cumulated in a buffer during
a burst, which defined as (peak rate - average service bit rate) x average burst
length {18] |

« cell jitter ratio defined as the variance-to-mean ratio the cell interarrival times,

" which defined as, Var [cell interarrival times)/E[cell interarrival times[19}

+ the squared coefficient of variation of the interarrival times, which defined as,

Varfcell interarrival times)/E2[cell interarrival times[20]

* peakedness defined as the variance-to-mean ratio of number of busy servers in’

~ afictitious infinite user group [21]

It is a difficult task to find a best approach to describe the burstiness more accu-
ﬁuely and efficiently. This will definitely need further studies. Since the burst
~ length will si’gniﬁcémly'affect the perfqnhance, it shall somehow be taken into
account for the network traffic prediction. Normally, the longer burét length, the
worse the network perfonnaﬁcc becomes, in the mean time, the cell loss probabil-
ity becomes larger and the transmission delay becomes longer [17, 18]. On the

‘other hand, the effect of the average burst length shows that with longer bursts, sta-
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tistical multiplexing becomes less effects and thus fewer active sources can be sup-

ported for a given amount of bandwidth.

2.2.5.1 ATNM Traffic Control Decision Criteria

Decision criteria is a group of network traffic parameiers which are used to decide
whether or not to accept a new connection. In ATM network, the cell transinission
delays and the cell loss probabilities are the most commonly used decisions criteria
in admission control, because they are good indications of the degree network con-
gestion. When transmission delays and cell loss probabilities are applied in admis-
sion control, long-term-time-averaged values have usually been used | 17]. Using a
long-term-time-averaged value, however, it will not be sufficient in an ATM net-
work because the network traflic can change rapidly and dynamically. forcing net-

work (o move from one degree of congestion to another.

Figure 2.7 on page 29 [22] shows how the cell loss probability changes in an ATM
network as a function of time. In this figure the number of active calls jumps as
network traffic varies, from a at time ¢, to b at time 1y, and to ¢ al time #5. AL time
£3, the number of active calls decreases to b. The solid curve in the figure indicates
the time-dependent behavior of the cell loss probability. For instance, when Ihé
number of active calls increase to b at time 1}, the network responds to the change
and starts losing a large number of cells; gradually, the network goes up to the next
ieve! of congestion and reaches the value of the cell loss probability in stcady state
Pjoss(b). when another increase occurs at time f,, the network responds again, grad-
ually reaching the steady state, and so on. ‘th‘h the network trafTic is highty bursty
and changes dynamically. temporal network congestion can occur, and it is ﬁossi-
ble that a large number of cells are lost during congeslion periods, even when the
long-term-time-averaged value of loss rate is kept small. In voice communication

for example, this burst loss of voice cells will definitely cause noticeable perfor-
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mance degradation (clicks) at a destination user. Therefore, some other decision

criteria which takes temporal behavior of the network into account is needed.

Instantancous cell loss probability [22) has also been proposed and used as a deci-
sion criterion to consider temporal behavior of a network. An instantaneous cell
loss probability is a time-dependent cell loss probability (function of slot position
or Lime), not the value averaged over a long period of time. The solid curve in Fig-
ure 2.7 shows the instantancous cell loss probability. The instantaneous cell loss
probability is approximated by its steady state value and an approximate analysis is
developed. A new connection is accepted only when the instantaneous cell loss
rate is kept below a threshold value at each switching node for longer than a prede-

lermined percentage of time.
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Ploss(e) @

Plossthy o ®

Ploss(a) H

lo 4 ts i3 hagl

FIGURE 2.7 Time Dependant Behavior of Cell Loss Probability

The ineffectiveness of using the Iong-term-time averaged cell loss probabilily asa
decision. criterion has been demonstrated in [’12] lhrough numerical examplew

l\mg realistic p‘lramcter values. It is shown that network congestion can last for a
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length of time on the order of a hundred milliseconds, even when the long-term-
time-averaged cell loss probability is kept small. In voice conversation, this con-
gestion period is comparable to a burst (talkspurt) length. and thus a whole talk-
spurt can be lost during congestion. It has also been shown that this burst cell loss
can be avoided by using the instantancous cell loss probability as a decision crite-

rion in admission control.

2.25.2 Effects of Traffic Parameters on ATM Network Performance

To investigate the effect of various traffic parameters on network performance is

one of the important research topics in admission controls.

In general, the network performance (the cell loss probability and the average
delay) varies as a function of various parameters such as the number of sources, the
peak bit rate, and the burstiness of the sources. Some of the common observations

are.

-+ The average burst length is a very important parameter. As the average burst
length increases, the performance degrades, i.c., the cell loss probability and
. !,

delay time increase significantly [17,18].

*  Asthe peak rate of each source is increased, the cell loss probability increases
(17,18}, | |

* In the case where homogeneous sources are multiplexed, if the offered load is
kept constant, the cell loss probability dcc:/musps as the number of sources mul-
tiplexed increases. The reason for this is that when the number of sources mul-
tiplexed increases (keeping the offered load constant), the mean bit rate of cach
source decrcases. The mean bit rate is a product of peak bit rate and lilc frac-
tion of time in which a source is in the active state (i.e., the state in which a

‘
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source is transmilting at the peak rate). Therefore, the either the peak bit rate or
the burst length (or both), the cell loss probability decreases in either case] 18).
*  In the case where heterogencous sources are multiplexed. high-bit-rate sources
dominate the performance: an increase in high-bit-rate traffic causes more sig-
nificant increases in the cell loss probability than does an increase in low-bit-
rate traffic. A similar observation is made in the case when homogeneous
sources are multiplexed.. Furthermore, when high-bit-rate sources are multi-
plexed, the fluctuation in the cell loss is larger than when low-bit-rate sources
are multiplexed [22]. This is due to the fact that because of the high bit rate the
number of traffic sources which can be multiplexed on one link is rather lim-

ited and not large enough to smooth out the bursty nature of each call-

* The cell loss probability decreases as the offered load decreases. Thus, a very
cfiicient way to lower the cell loss probability is to decrease the offered load by
providing larger bandwidth. This is only possible however, if one can assume

that bandwidth is negligibly cheap.

According o these observations, we can conclude that the cell loss probability in
ATM network is very sensitive to the network traffic conditions. In order to reduce
the impact of the network congestion on the speech signal transport quality, higher
priority should be assigned to the real time speech applications and the bandwidth
allocated to voice communications should be as well guaranteed through effective

network congestion control strategy.
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CHAPTER 3 ATM Network Cell Delay and
Loss Modeling

3.1 Cell Delay Distribution and Density Function
In order to emulate the impact of ATM network to the quality of speech signal
transmission, it is mandatory to find out the ccll delay distribution and delay den-
sity function in ATM network for building an ATM network simulator. As we dis-
cussed earlier, ATM is in many aspects similar to any other packet switching
network. For voice transmission, it differs from a regular packcl‘ switch network in
two aspects. First, ATM network uses very high speed transmission media. Nor-
mally, the transmission speed is 150 MBits and up. Sccond, ATM is a connection
oriented network, the cells generated f rom one call will always propagate through
one virtual path, which means that the cell sequence will never changed during the

transmission.
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3.1.1 Statement of the Problem

Since ATM packet voice receiver (PVR) has to act as a matching and recording
device between the stochastic behavior of the network and the need for an ordered
synchronous sample flow at the input of the D/A converter, the PVR design
requires a description of external environmental influence on cells, which is sum-
marized by the network delay random variable distributed according to the pdf p(t).
Since traffic flow is affected by p(t) at the input of PVR, the objective of the study
is to get a simple analytical expression for the overall delay pdf w(z) and to design

such a PVR for the best speech play-out strategy.

Voice transmission in ATM network takes place in the same way that in a packet
switching network supporting connection oriented services. The main difference
comes from the fact that the transmission speed in ATM network is much higher
than regular packet switching network. The packet delay pdf derived on regular
puacket switching network cuan be taken as a reference for ATM cell delay pdf.
Based on the experiment results, the Gamma distribution family will be taken as
the reference network packet delay density function, because in this environment a
good fit of the experiment delays [27) may be achieved with a simple expression

for p(1) (EQ. 3 - 1) and P(1) (EQ. 3 - 2)

k+l
p() = J:,—,r"e'}"u(:) (EQ3-1)

and consequently
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X
Y “(EQ3-
P = [l—ziﬁ’la'k]u(r) (EQ3-2)

izl

The mean and the variance of this pdf arc given, respectively. by

E() = 5;_1 (EQ3-3)
: EQ3-4
Var(1) = A—-;;— ( )

In order to analyze the speech data packet end-to-end delay pdf, the statistical

model of the speech packet delay can be stated as following:

1) Delay experienced by packets (cells) belonging to a single talkspurt are inde-
pendently and identically distributed according to the network delay pdf p(1) (in
other words, the time spent by a packet in the network does not affect the delay of

any other packet in the same talkspurt length).

In fact, this is not true when the system operates according to the “virtual circuit”

routing sci‘nj;_:li-iic like in ATM network, which means that ;l" the packets(cells) of the

samie call go along the same path. No pa\ckéllcell can ovértuke its previous packet/ |

,cell. Thus, its del‘ay can not be less lh:m'lhé 'dclluy of preceding puékct minus the
‘ N

packetization delay. It has been proved that the formula of the overali delay of the

pdf remains unchanged when the reordering of talkspurt packets is made hy the .

f
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network routing policy or in the reconstruction buffer. Therefore, the assumed

independence doces not lessen the generality of the results [26].

2). Talkspurt durations are exponentially distributed according to 714 = Aoty this
implies that the probability mass function of talkspurt length (in packets) is geo-

metrical, i.c.,
Prob {talkspurt contains exactly (n+1) packets) = b, = (/-p)p"
where p = ™} 1, = cell duration, //A = mean talkspurt duration.

gy = [prob actual cell is the (n+1)th of the talkspurt}= ¢, = Zb,./(n .

i=n

The talkspurt durations are distributed such that g, = (1 - 6)6". where G is the
parameter of the geometric probability mass function (pmy) that best fits the exper-

imental observations.

3). Statistical independeni between talkspurts is guaranteed (i.e., delays suffered
by cells of every talkspurt are independent of those suffered by members of other |

talkspurts). This assumption is based on two reasons:

* The ratio between packet length and the capacity of channel and switching
devices is so small that the state of the system queue change very rapidly.

*  The speech decoder is assumed to recognize the long silence gaps in the voice
waveform only. During a inter-talkspurt pause, the system processes many

packet of other conversations and its state changes completely.

f

Please refer to reference [26] for detail explanation, '

a5



3.1.2 Average of End-to-End Delay pdf
Based on these assumptions and the network packet delay pdf discussed in Secrion
3.1.1, a general analytical expression of average end-to-cnd delay alter PVR has

been derived as following {206].

-c all-a)p() X
w(n = 1-cP(1) p(-T) + “_O-p(,”z'f’(’)l (-1 (EQ3-5)

where:  ©: parameter for the gcometrical distributed probability mass func-
tion

p(1): cell (packel) delay density function over network
P(1): cell (picket) delay distribution function
T:  cell delay compensation

The packet delay pdfis given in Figure 3.1

Cell dell pdf in Gamma Distribution
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3.2 ATM Network Delay Simulation Model
Since ATM was proposed in 1988, the intensive rescarch has been carried out on
various aspects of the ATM network, Cell loss probability and cell propagation
delay property are two of the major topics. Because of various architectures and
congestion control mechanisms which have been proposed in ATM network. it is
difficult to derive a universal cell delay pdf(t) for ATM network. Based on the liter-
ature study, most of the research on ATM cell propagation are based on simula-
tions. These simulations normally rely on particular network structure and

congestion control algorithm,
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FIGURE 3.2 G. Ramamurthy’s Simulation Result 1

In [29], Ramamurthy- modeled an ATM type network delay by elmuldtmg a switch
with stream traffic from K sources routed through an M x M space division packet
switch, It is d\sumcd that the swiich employs output buffering with complete qhar—'

mg Each output qllClIL has M input ports thal are fed from the M output queucs of

1 + ;
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the preceding stage. The simulation results are shown in Figare 3.2 and Fignre 3.3
[=4 - h y

which are closely nuching Gamima distribution.
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FIGURE 3.3 G. Ramamurthy's Simulation Result 2

In reference [28], authors have cvaluated the naximum packet delay of a high
speed packet network based on a “Bus Malrix” switch. According 10 the theoreti-
cal analysis and experimental result, the probability density Tunction of “Bus
Matrix™ switch is oblained and given in Figure 3.5 which closcly matches with

Gamma distribution as well. Figure 3.4 is the simulation model of the switch.
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Packet Delay Distribution
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FIGURE 3.5 The Packel Delay Distribution

In-reference [27], a probability density function (please refer to Figure 3.6 ) of the
picket switched network is obtained through the actual measurement by J. Wein-
stein and W. Forgie. The measurement is based‘ on a 10 hop paths through ARPA-
NET. In this particular case, 99% packets experience delay bet‘ween‘ 2(-)(";‘and 700

ms. From the shape of curve, it more close to Weibull distribution.

Based on the examples which have been briefly mentioned above, following con-
clusions on probability density functions of packet switch network for speech sig-

nal transmission can be derived:

-+ Cell delay distribution in packet swit.ch network is closely match with Gamma
and Weibull distribution. For high speed packet switch network, the average
delay is rclalivclly short, m which the delay distribution Iéad to Gamma distri-
bution and for regular pag-,fkel .swilcﬁed network, the average delay is large (Fig-

ure 3.6 ). in which the delay distribution is more close to Weibull distribution.
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Probability density funchion of transit detays in » packot network
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FIGURE 3.6 Probability Density Function of Teansit Delay

* Delay variation caused by delay distribution exists and increases as average
packet delay increases

» Because of the packet dclnyl"varialicm, a reconstruction delay (or called con-
trolled delay) is required in order to play out the packets in the time inlcr\}aI as
they are generated.

«  Detail characteristic of cell delay is difficult to get and it is changing according
to the network traffic. The distributions as mentioned in the first bullet is just a

best approximation under particular experimental condition

» Since ATM is a high speed pucket switched network, the Gamma distribution

- will be the closet fit for speech transmission in ATM network.

Based on these discussion, a Gamma distribution is selected to be used for the
ATM network simulator. The proposed pdf is given in £Q. 3 - 6. Pleasc refer to

EQ. 3 - 3 and EQ. 3 - 4 for mean and variance calculation. _
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y Al Aud
ply = TTU—U‘:-' -1 (EQ3-8)

where: T. average delay shift parameter
A=1/Bandbk=0a-1

o is shape parameter and B is scale parameter

EQ. 3 - 6 will be directly used in the ATM speech transmission simulator to gener-

ate cell delay distribution which is used as the input of ATM PVR. One example is

given in Figure 3.7 .
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'FIGURE 3.7 Cell Delay Distribution in ATM Speech Simulator '

3.3 ATM Network Cell Loss Modeling
As stated in Chuptcr 2, cell loss in ATM network is mainly caused by the network
. congestion which is the result of bursty traffic in the network. A Poisson distrib-

uted cell loss property has been chosen to simulate the cell loss distribution in
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ATM network, since il is a common practice in ielecommunication network simu-

lation. Poisson distribution pdf is given in Q. 3 - 7.

e oA

Py = === e {012} (EQ3-7)

where: A is mean that can be interpreted as average cell loss rate.

Figure 3.8 gives the actual cell loss interval distribution based on average cell loss
rate of 0.1 percent. The data is generated from ATM nctwork simulator, which

qualitatively reflects the cell loss property in ATM network.

Cell Loss Distribution Modcilng
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3.4 Implementation {ssues

3.4.1 Random number generation
In the ATM network simulator, two random number generators have been imple-
mented to simulaic ATM network traffic. The first one generates a sequence of
numbers following a Gamma distribution used to simulate the cell delay variation
in the network, measured in ms. The second one generates a sequence of numbers

following a Poisson distribution and it is used to simulate the cell loss process.

I 2 3 4
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FIGURE 3.9 Cell Delay Relations in a Virtual Path

As discussed in Section 3.1.1 ,in an ATM network, the cells gencra(ed from one
call are all transferred over a virtual circuit. This means that all the cells are trans-
mitted through the same path, in sequence, and therefor a CQII can not arrive at its
destination before the cell preceding it. This characteristic imposes some con-
strains in the generation process of the sequence of random numbers representing
the cell déluy variation. If we assumé that preceding random number rcprcsenﬁng
the delay of previbus cell is ld,- and that the following random' number in tl.1e
sequence is dj.;, then the d;_; must be larger than (d; - Dp),‘Where D, is packetiza-
-tion delay. 1f d,-_ y does not meet this condilibnT d;.; has to be rejected and another
number must be generated. Figure 3.9 depicts this condition through the relation

43



3.4.2

of cell 3 and celi 4, which clearly indicates dy has to be large than o ; minus D), (dy

> d_a' - Dp)-

Because a certain random numbers are rejected, the shape ol the delay distribution
curve is slightly changed and the mean is increased in a small percentage as well, Tt
is not an accurate Gamma distribution any longer, The actual cell defay distribution
generated from cell delay simulator is given in Figure 3.7 which is very close to

the actual cell delay distribution derived from simulations.

The second generator is implemented in the ATM network simulator is the cell loss
generator which generates Poisson distributed variables to simulate the cell loss
caused by bit error, multiplexing ercor and some other error sources. The Poisson
distribution pdf is given in EQ. 3 - 7. The input parameter A is cell loss rate in per-

centage.

The random numbers generated are pul into two scparated data files. One is
DELAY.DAT and another is ERROR.DAT. User should have the capability to
decide the size of each file based the duration of the simulation. The data in the

files can be repeatedly used during one simulation.

Control Parameters to ATM Network Simulator

Referring to £Q. 3 - 6, the A, k and 1 are user defined parameters which are used to
control the ATM network simuiator. A and & arc used to control the shape of the
delay distfibulion density I unclio:n.. Actually it controls théccli delay variance of
the network. T is average Eell delay shift parameter which shifts the pdf curve 1o the
right on-the diagram. Normally, the average network delay equals to (L;Tl -l-‘t).

'

fk+1Y. e er o .
Because (T) is the Mean of the distribution £(r) and T is (ixed network propa-
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gation delay, it means that no cell should experience the network transmission

delay smaller than .

In order to obtain the proper & and A, the £(1) and var(1) have 10 be correctly deter-
mined based on the simulation request, c.g average cell transmission delay and
delay vartance. According to £Q. 3 - 3 and EQ. 3 - 4, A and & can be obtained in
following relations: £2Q. 3 - Sand £Q. 3- 9.

2 = £
= Var(n (EQ3-8)
k=dA-E(N-1 (EQ3-9)

where: (1) is average ceil queueing delay in ATM network

Var(r) is the queueing delay variance which reflects the jitter of cell
arrivals

In this chapter, ATM network simulation models have been di-S'-CUISSE:d. Based on
the discussion, ATM cell delay and cell loss distribution models have been selected
and evaluated. These models have been used in ATM speech emulator’s design and
deployment in Chapter 5 which are crucial to the success of ATM speech simula-

tor,
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CHAPTER 4 Packet Voice Receiver in ATM
Network

4.1 PVR in Packet Switched Network

In a packetized voice communication network (Figure 4.1 ), speech is digitized at a
uniform rate by the A/D encoder in the transmitting terminal, and then urganized
into packets by the packetizer. The speech detector judges each packel as to
whether it contains active parts of the voice or not, ind only non-silent packets are
lransmilted‘ through the network on a store and forward basis. Al the receiving ler-
minal, voice packets are stored in the packet voice receiver, and then decoded into

acoustic sound by the D/A decoder.

“Sincc eucl\l voice packet waits. at each intermiediate node in the network until the
outgoing channels become free, packets will arrive at the receiving terminal at ran-
dom inter-arrival times. Because of fidelity requirement of voice, voice packet
reassembly, which will play out voice packets at the same uniform rate as they

were generated, is required at the packet voice recciver. [31].

46



4.2

A/D Packelizer Speech
Encoder Detector

Receiving Terminal
: ' Packet
: D/A f\’}l(:-l]‘\:lél ) Switching
; Decoder : Receiver . Network

FIGURE 4.1 Packet Voice Communication Network

Performance Criteria for Packetized Voice
Networks

Voice packet transmission delay may be one of the most important performance
criteria for packetized voice networks. The voice packet total delay D is defined as

time interval from the beginning of packetization to its played-out time. D

becomes
D=D,+D +D+D +R (EG 4 - 1)
‘where
D,,; packet generation period
D,: sum of queueing delays at intermediate nodes in a network
Dy sum of voice packet transmission times in a network
R:  propagation delay ' o .

D,: depacketization delay (time interval from the arrival at the packet
voice receiver to its play-out time



The transmission delay D, of a voice packet can be further defined as the time
interval from the beginning of its packetization 1o its arrival time at the packet

voice receiver (please refer to Figure 4.2 ),

Time Axis
Chiginal ‘hlt nt lmerval
| | 2 3 B

4y <
@) \ \ \ \ \
3) \ \
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(4) :

y oLt b e o,y
Reconstructed Silent Interval
e

FIGURE 4.2 Null Timing Information {NTI) Strategy

Where:

Time Axis:
;. Beginning time of packetization
ty. Beginnihg time of voice packet transmission
t3.  Packet arrivz;l time at the Packet Voice Recci.vcr
. t;.  Beginning time of voice packet play-out
T Control Time/speech reconstruction delay
PR Packet total delay D (beginning transmission to the start of play-out)
-y Packet transmission delay D |
‘12' -ty Packet gencration period D, _
13-t Queueing delay D,, + Packet lransmissiqln dglay ‘D, + Propagation delay
R . ‘
'

g -ty Depacketization delay D, : !
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4.3

Among these parameters, T is the most important one which has directly impact to
the quality of voice signal synchronization. It is a major functionality for a packet
voice receiver to properly determine the parameter T based on the network delay

estimation.

Packet Voice Synchronization

Onc of the most significant technical problems in sending voice through a packet
network involves the reconstruction of a continuous stream of voice from a set of

packets {cells in ATM network) sent through the network[33].

As packets travel through the network, each packet can encounter a varying
amount ol qucucing delay in the statistically multiplexed links. The variation in
delay depends on the nature of the network, the traffic condition on the network

and the speed of the network facilities, For a local area network, the variable delay

is typically small, less than 10 ms [27]. For a long haul network, variable delay can

be significantly larger, typically up to 100 ms.[27] The packet voice synchroniza-

tion problem is generally more significant in a long-haul network than in a local

network application of packet voice.

As the cells arrive at the packet voice receiver, they are reconstructed into a contin-
uous su;cam of voice samples anci delivered to the destihalion customer. Typically,
this reéonslruction is done by chagsing a target play-out time for each incoming
cell as a fixed interval, D, after the cell is generated[32]. Each Eell that arrives

before its target play-out time is placed'in the proper sequence in a qﬁeue of cells -

from which the qpccch 15 reconstructed. If a cell docs not arrive before lts play-out '

time, the sp.u.c of llu, cell in the queue will be cmply, and the cell is effecuvely'
lost!. llns is mquurt,d lo ensure lhal the entire syslem lmroduces a fixed delay.into

the :ap:.ccl} path. and it m.ikes that continuous speech signal be reconstructed with-
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out varying delay. The choice of the time interval should be made to optimize the

delay and cell loss.

100%

G of
Packet
Arriving

- —le D™ D

FIGURE 4.3 | Delay Variation in a Packet Network

Figure 4.3 , which illustrates this trade-off in a typical packet network, shows qual-
itatively the proportion of cells that arrive in less than a given target transit delay
for a particular connection. Fewer cells are lost if a longer delay is allowed because

a larger proportion of cells will experience that delay, or less, in the network.

The delay experienced by a cell consisié of a fixed delay (Dp), which is the sz\nllc
for each cell in a call, and a variable delay (D,) which i different on each cell. The -
‘variable delay is the key ‘faclor and it introduces the trade-ofT between the dclzly.:
experienced and the rate of cell _Ipss illru,slratcd in Figure 4.3 . Wide delay variation

in a particular network will result in a wide interval for D, ‘and more difficult

'

§. I next cell arrives hefore the previous cell play-out time, this cell can be play-out in the previous cell's slot.
. X .
v
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packet voice synchronization. The nature of the variable delay is highly dependent

on the nature of the network.

= Inalocal network, the variable delay is the result of contention for the network
transport medium. The nature of the delay is highly dependent on the particular

characteristics of the medium and the access protocols. For most proposed

packet voice protocols. the variable delay is quite small.

* In a long-haul network where packets traverse multiple links and nodes, the
variable delay results from queucing at each nodes and it depends on the num-

ber of links, utilization, and link speed.

The delay target mentioned earlier is limited at the upper end by the amount of
delay that customer will tolerate in acall. While there is no hard limit to this delay,
studics on customer acceptance of delay in calls [34], [35] suggest that 250 ms
miy be appropriate as an upper limit on one-way delay for a packet voice call in a

public telephone network.

Once a delay target is chosen for a packet vc;ice call, a mechanism is needed to
determine the play-out _lim:_f_‘_for each incoming cell. To achieve this goal, PVR has
lo take the first cell of a talkspurt arriving time 1, as the reference ahd add on the
reconstruction delay T = maxinuon D,.. as the play-out time of the first cell (Figure "
4.2). The following cells’ play-out times will be determined on interval of packeti-
zation time, for example, k-th cell play-out ii;ne Tip=ta+kDyk=12.. h,

where the D), is packetization delay. In an ATM network, D,, equals to 6 ms if 64

.i | Kbits CODEC 19 used.

S
AN

n order to keep the voice sigﬁal synchronization, PVR has to figure out the proper

N ~ reconstruction delay T to compensate the delay variation caused by the network °

queucing. Network delay estimate is required for proper T determination. In fact, it

-, is not an casy 1ask to measure ma=1am D, directly in a packet-switched network,
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because Dy is a part of the total cell delay and mixed with network (ransmission
delay D, together. Various methods can be used to estimate total transport delay of
incoming cells, which can also be used to estimate 1, approximately. Among the

most popular delay estimate methods being proposed are|32]:

Blind Deiay: the PRV makes a worst case assumption about the delay encoun-

tered by a cell.

*  Round trip estimation: the roundtrip delay between PVS and PVR is used to

~ estimate the one way delay of a particular cell

» Absolute timing: synchronized clocks are maintained at the PVS and PVR and

the first cell of a talkspurt carries absolute time information.

o Accumulated variable delay: the network keeps track of the delay experienced

by acell as it travels through the network.

Among these methods, the simplest strategy for estimating the production time of
~an arriving cell is to make a worst case assumption - Blind Delay. Once the arrival
time has been estimated, the PVR will determine th§ proper play-out time simply
on each 6 ms interval started from the play-out time of the first cell of a talkspurt
for each cell. This is the blind delay estimate, because the PVR makes its estimate

“blindly, with no information on the actual cell transit delay is reqilired.

All other methods mentioned above requill'e extra network functionality or network
“administration overhead to keep the timing information around. in an ATM net-
work, the network timing information can not be transmitted in ATM cell headcr‘ﬂ
because of the constrain of header structure. If the timing information is required,
it has to be transmitted in the cell body. This may reduce the cell payload signifi-

cantly. ‘
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PVR in Packet Switched Network
According to the voice synchronization techniques and delay estimate methods,
the following packet voice receiver design strategics have been proposed [32] for

packet voice receiver design and development.

Nuli Timing Information (NTI) Strategy

Null Timing Information Strategy is illustrated in Figure 4.2 | The packet voice
receiver delays every first packet of the talkspurt by a given amount T of time (con-
trol time/reconstruction delay) and plays out succeeding packets at the same uni-

form rate as they were generated. If a packet is not reccived by its played-out time,

that packet is considered to be lost. This strategy, requiring no network synchroni- -

zation, is casy to realize; however, overall packet transmission delay may be rela-

tively large and fidelity of played-out silence intervals may be low,

Complete Timing Information (CTI) Strategy

The Complete Timing Information Strategy is illustrated in Figure 4.4 . If the net-

work delay of a packet is less than a given control time T, that packet is addition-

ally delayed at the receiver by an amount equal to the control time T minus its

W

network delay, and then is played out. A packet with a delay grealéf‘lhan T is con-

sidered to be lost, even if it is the first one of the tal kspurt. This Strategy requires

the network to be synchronized, und also requires timing information in the packet

hY
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header. However. unlike the NTT strategy. this will keep overall packet transmis-

Tine Axis e
Original Kilent Interval

NN S
NS

|< T »‘ Reconstrueted Silent Interval

FIGURE 4.4 Complete Timing Information (CTl) Strategy

sion delay less than some constant, and will ensure relatively high fidelity of

played-out silence intervals.

NTI-CTI Mix Strategy \ |
If the network delay of the first packet of the talkspurt is less than a given control
time T, then that packet and successive ones are played out in the same way as that
in the CTI strategy. If the network delay of the first talkspurt packet is greater than
T, the packet voice receiver plays out that pz{ckcl immediately upon receiving it,
and continues to play out successive packets at the same uniform rate as they Wcrc
generated. Packets which are not received by their played-oul times are considered

tobelost.  * = - : ')

Packet Voice Receiver in ATM network

Since ATM is a very high speed packet network and the network delay variation,
comparing to regular packet-switched network, is relatively small, a simple and

effective delay estimation method and PVR strategics should be uscd to achieve
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4.5.1

higher efficiency. In this section, we will concentrate on ATM packet receiver and

delay compensation strategies.

In general, the PVR designed for regular packet network can be eastly transferred
to ATM network with some modifications. Based on the PVR synchronization
strategies used in regular packet switched network and the properties of ATM net-
work traffic conditions, two ATM PVRs are proposed and evaluated for the appli-

cations in ATM speech emulator design.

Fixed Delay Compensation PVR

This ATM PVR which is depicted in Figure 4.5 is sim-i’lar to the NTI PVR
described Section 4.4.1 . The worst case assumption for the PVR assumes that the
cell on which the estimate is based arrives with minimum fixed transit delﬁy (Df
only), and that other celis may be delayed by signitjczmlly more time. Hence, the
PVR must sct the target p_‘llay-out time {or the first céll to be its arrival time plﬁs a

maximum variable delay (Max D,). Max D, is the difference between the delay

| target {D,,) and the {ixed network delays (Df). Max D, is chosen as reconstruction

defay T so that cells that experience more than this delay will be lost in the play-

out procedurc without unacceptable degradation of speech quallty An additional,

small delay is addcd to the target play-out time to allow for clock drift between the

PVS and the PVR since rclauve timing will be \ used for subsequent cells.
- ‘\ -

The delay estimate can be revised at any time since a new estimate can be made on

any cell. A new estimate may differ from the current estimate by at most Max D,.

_The delay target can be adjusied based on a new estimate by extending or contract-

ing a silent interval,
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FIGURE 4.5 Fixed delay compensation ATM PVR

This method is very simpie and requires no additions to the network to aid in

packet voice reconstruction. For a Iociilhctwbrk application, D, and Mmlc D, is rel-

atively small, and other fixed delays iurc small as-well. Blind delay will be very

appropriate strategy with the estimate being made cither on the first cell of llhc call

only, or on the first cell of each spurt of speech. The adjustment of silent intervals

to update the delay target should not poac & pmblem because the amount of dd_]u\l-—
\\ ’

ment wnll be small, rQr a Iong-lmul nelwork however, Max D, may vary in a wide

range dcpendmg on the network structure and the traffic conditions.

Adaptive Delay Compensation PVR

Since the network traffic condition can change in a wide dynamic range, from time

lo time, it requires that extra dclily be introduced in the cull to -uvoid pac‘kcl lo';s*, o

when the delay estimate is in error. Blind dcl.ty and round- -trip dclay csllm.mon

may produce cstimates with qubqlantml CrTors, while dhsolulc liming and .tddcd_ -

variable delay are subjccl‘lo small crrors duc to clock drift zmd propagation delay
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variation. These techniques can be improved by making use of additional informa-

tion to adapt the delay estimate as the call progresses.

The adaptation can be made to change the target delay during silent intervals, so
that the silence is compressed or expanded by a small amount. Compression or

expansion of silence by small amounts is not noticeable in the reconstructed

speech.

The adaptive change in play-out can be based either on the amount of speech in the
buffer (i.c., the length of time between cell arrivals and target play-out time), or on
the basis of repeated round-trip delay measurements. In either case, the repeated
measurements given an indication of whether the current eatnmle is 100 high or
too low, and the play-out targets are adjusted accordingiy. The variance of inter-
cells arrival time in cach talkspurt will be used to estimate reconstruction delay

adjustment. The rel‘monslnp between delay variance and the mean of delay is

described in EQ. 4 - 2, which is derived from EQ 3-3 and PQ 3 -4 on page 34

L

CE(1) = var()) - A | | (EQ4-2)

Adaptive apprbac'hcs can also be of Beneﬁt with absolute tirhing and with added

‘variable delay in determining the maximum expected transit delay. Most of the

time the nelwork will opemte with considerably less variable delay than that expe-

“rienced i in the worst case, and transit delays can be reduced by reducmg buffering

in the PVR without losing any cells.

+ Adapting play-out delay only on the basis pf' ihc number tbf' cells arriving t0o
late for play-out 'is quite difficult because few lost cells can be tolerated to give
acceptable performance. Thus. the 'occlzlurrcnce of lost cells should be infrequei]_t'l.

~ with re‘x;p'ccl 1o clunnge§ in delay in lhé\:;\?‘ackcl network, and it may be quite dif-
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ficult to adjust playout delay based on lost eell rate and still achieve an aceept-

able lost rate.

talkspurt talkspurl ttlkspurt
W [immm
Quiput

PVR
Input
PVR |
Cutput
IU . 4 Iy
. T, | [ T oo
T ' T T,
T recanstruction deliy/control time 12 the finst ccll play-vut time ina
T). Ty reconstruction delay after adjustment _ talkspurt betfore adjustiment

Iep fez addaptive delay adjustment

FIGURE 4.6 Adaptive Delay Compensalion PVR

» Network conditions can change rapidly during intervals where no cells are
sent. Thus a conservative delay estimate should be used after a prolenged silent

period.

Tlie various techniques considered in this section provide the basis for reconstruct-
ing speech from a stream of ceils. The simpler lcchniqucé appear o be quite ade-
quate for a local network application of ATM vo’icc, while more complex
techniques - Adaptive Delay Compensation may be needed to achieve adcqualc

performance in a long-haul network with larger variable delay.

These two PVR algorithms which are discussed in the section were proposed for
ATM voice communications by this thesis. They will be analyzed and cvaluated

through the ATM speech emulator design and subjective speech transmission

s n\\.\\ .
assessment in following chapters,
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CHAPTER 5 Design of an ATM Speech

Emulator

5.1 Objective to Build Speech Emulator

,5.1.1 Motivations

I\
\
v

As discussed in earlier chapters, the end-to-end cell transport delay, cell delay vari-

ation and cell loss rate caused by the network traffic conditions are the major fac- ‘
tors which may seriously degrade the service quality of the system. That is why

- these issues have to be studied carefully to gain better understanding of the rela-

tionship among them. For example when the qystem interworking with existing 2-
wire lines, the round ll‘lp delay has to be kept within the boundaries to avond use of
echo cancellallon where these hmm are not clear at present and should preferably

be sludled and teqted[36] Another unporlanl issue to be studied is the one way

. delay. For Iong haul or international casl s, some studies have shown that the quality

ol ATM voice commumcauon IS not ml’hc:em [39]. Whether that is only caused by

ec.ho. ccho processing or other reasons is not clear. More studies need to be done o
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5.1.2

find out the maximum acceptable detay vatue for ATM voice communications. A
second issue is the maximum end-to-cnd delay that the PVR algorithm can com-

pensaie, which is really critical to voice communications.

To build an ATM speech transport emulator is the object of this study. Through
emulation we can find more accurate answer to these questions than what the ana-
Iytic approaches can provide to us. Many experiments can also be done on the
emulator to investigate the interactions of these issues and some network parame-
ters. One of most attractive features of speech emulator is the capability to perform
subjective speech quality evaluation on emulated ATM network. The speech emu-
lator can operate in real time to sample the speech signal, assemble ATM dells, add
transmission errors and recover the speech signal after some of cells are delayed,

lost or discarded.

Applications

Because ATM is a high speed packet switched network, ail the issues in packet .
swilched voice network will exist in ATM network as well. How will these issucs’
éffect voice transport quality in ATM network? What kind of end-to-end cell trans-
mission delay and cell loss rate cﬁstomer can tolerate in ATM voice transport?
How does ATM network structure and congestion control algorithm affect the
voice service quality? etc. ... Alll theses questions need to be answered Bcl‘orc ATM
is adapted tol,the pul;lic nelwofk. To reach the goal, ATM speech emulator wil play

an important role in ATM speech communications studies.

Currently, CCITT AALI protocol has defincd that if the speech data cell can not

arrive the receiving node within a certain delay limit, the ccll will be discarded

i

the receiving node. How should this delay threshold be related to the network traf-

fic condition? If a call has to go through multiple transport nodes, how should this
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delay threshold be set in cach node 10 compensate the extra cell fosses caused by
excessive cell delay? What is the best trade-off between celi loss rate and cell defay
limit when ATM network is designed and implemented? ATM speech emulator is

aiming to answer these questions as much as possible.

Under certain network conditions, the emulator can also be used 1o test the service

quality variations caused by:

. differenl-rcceiving algorithms

+ different speech encoding algorithm
+  speech/silence detection algorithm

» loss cell recovery algorithm

*  the maximum acceptable network delay at different traffic conditions that user

can toicrate.

v

\

Here are threc examples to explain how the speech emulator can help on the ATM

speech transportation study.

‘5.1.21  Reconstruction Delay Versus Cell Delay Variation

Reconstruction delay is used I-lo couﬁpensale variable delay of cell arrivals, When
~ the cell delay variation increases, in order to keep the same cell loss rate, the recon-
struction delay has to be increased. When reconstruction delay’is increased, the
total speech transport delay increases as well. How to arrange the recoristruétion

delay versus cell delay variinipn to keep the service quality an acceptable level?

5..2.2 Relationship among Cell Delay, Cell Loss and Echo Effect

When total cell delay increascs, the chance of echo interference will increase as
well. If we fix the echo pass loss. when the total céll delay increases 1o certain

point, the echo interference will definitely become intolerable. Through emulation,
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we can find out the relationship between total cell delay and the echo interference

at different ccho pass loss.

5.1.23 PVR Algorithm Comparison and Evaluation

5.2

The packet voice receiver algorithm is & key component in ATM voice communi-
cation. Based on different synchronization strategies and timing estimation meth-
ods, there are many different packel voice receiver algorithms available in this
field. Through an emulation study, we can evaluate the service quality and perfor-

mance of different PVRs and different PVR algorithms.

System Architecture

The structure of the ATM speech transport emulator is depicted in Figure 5.1 . 1t
consists of three major components: a) ATM network simulator which simulates
the ATM nel@ork behavior on the end-to-end cell transmission delay and ecll joss
rate basis. I is im’plen1eh;ed on a PC with menu driven user interface; b) ATM
voice transponation emulator (VTE) which emulates the whole packetized voice
communications process inclluding voice packetization, CODEC, speech dclccli’on,
cell assembly; transmission error injection, packetized voice receiver, ATM cell 7
d|sassembly and sidetone and echo emulation. The emulator is implemented on a
DSP56000 ADM sy%lem c) analog interface which provnde'; an interface betwecn
analog telephone set and the speech emulator. It consists of AD/DA convertor,
anti-alias filters and enalog telephone interface circuit (audio inlerl‘uec). If neces-

sary, the audio interface can also inject sidetones and generate echoes through its

hybrid network.

The ATM network simulator and speech emulator are connected through an RS-

~ 232 interface. The ccll delay and cell loss data generated from the network simula-

tor is passed through the ink to the speech emulator every 6 ms (packetization
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period). The man-machine interface (MMU) is also implemented on the PC which
provides the initialization and overall emulation control of the speech transport
emulation. It is a fully menu-driven interface allowing an casy interaction with the

system.

ATM Network Simulation

In ATM voice communication, packetization delay is cither 6 ms (48 octets cell) or
4 ms (32 octets cell). The speech emulator has to be able to generate a cell, add on
the cell delay and loss information to the cell and deliver it to the PVR in 6 or 4 ms.
To meet such a requirement, the ATM network simulator (PC) needs to deliver the
cell delay and loss information to the speech emulator every 6 or 4 ms based on its
simulation results. Because of the processing power limitations, it is difficult 10
generate cell delay and loss information on-fly inside PC. That is why an alterna-
tive solution has to be taken. Cell delay and loss information are generated beflore
emulation starts. The data is saved in two data files. One file contains the cell delay
information of eaci1 individual cell Wl1icl1 is generated by ATM network simulitor,
A';' discussed in Cllﬁpler 3, the cell delay process follows a Gamma distribution.
Tt';e second data file contains Poisson distributed 'dz.nu of the cell loss intervals,
During emulation process, both files arc opencd. The system initially reads a cell
loss interval from the cell loss data file, then read the delay data file and send the
delay data to speech emulator every 6 or 4 ms. In the mean lilne;'llxc_ sysiem also
counts the number of cells having been trn.nsmiucd.: If the number of transmilted

cell equals to the cell loss interval, the system will mark the cell as lost. Then the

system reads another cell loss interval data and restarts to count the number of cell

being transmitted. If the match occurs. the cell will be marked as lost cell again.

P . 1
This process continues until the end of the data file is reached.
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As an emulation configuration option, the data files can be repeatedly used in one
simulation. In other word, when the end of data file is reached the system docs not
stop the emulation. it rereads the data file from the beginning again in order to keep
the emulation alive. In fact, if the repeat cycle (data file) is large enough, this will

not affect the emulation result at ail.
ATM network simulation contains the following major functions:

s User interface
« Emulation initialization and emulation control
« ATM network behavior simulation

» Cell delay and cell loss data file generation

5.3.1 User Interface

A full menu-driven user interface is implemented for full emulation control. Tt

includes 4 sub-menus: >

»  Emulator Initial Configuration Menu
* QGenerate Simulation Data File Menu
« Simulation Data Selection Menu

+ - Emulation Control Menu

5.3.2 Emulation Configuration and Control

In emulation configuration process, following parameters car be initialized:

1). Cell size selection which is used to select either the Norih America proposed

standard (53 octet) or the former‘European proposéd standard (36 octet).

2). Delay compensation/reconstruction delay which is used to compensate cell

delay Muctuations.



Initindization

Main Menn

(':em'rn_le Simulation Emulntor . :
simetation tata file initinl h".!:::m‘:::"
datn file selection confipurution

Communication
control

FIGURE 5.2 Software Hierarchy Structure of Main User Interface

3). Speech CODEC sclection is used 1o select speech CODEC. In the current

implementation only p-law and A-law PCM CODEC have been implemented.

4). PVR algorithm selcction. In the current implementation, three options have -
been implemented. Option I: no delay compensation, PVR play-out cells as
they arrive; Option 2: fixed delay compensation; Option 3: adaptive delay

compensation.

Figure 5.3 gives the hierarchy structure diagram of the speech emulator configura-
tion software. The input parameters are organized into several emulation control

words, then sent to the DSP56000 ADM to get the specch emulator initialized.
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Configuration

MENU
Cell size cn|||[|'f§rtl:::?;liutl Speech CODEC PVR ;}Ignfitlnn EXIT
sefection i"l“." selection selection

Initialize
cmultion
control word

Initialize
cotm, port

Send conrot
word to speech
entlator

"FGURE 5.3 Soltware Hierarchy Structure of Speech Emulator Configuration

5.3.3 ATM Network Behavior Simulation
The major function of the ATM network simulation is to generate lwo data files
which contain the random values describing the cell delay and cell loss properties.

The cell delay data file is generated based on the distribution given in EQ. 3- 6.

Data file
generalion
N Menu
Input of Tipw of tnpui of ‘ ‘
. Inpu of Input of cell EXIT
siiuulation fised celt mernpe ocll delay variance loss rale i
duration dela gqueuging delay
Cell loss datn
file peneration
1
' Cell delay data
fike generation

'
Vo

FIGURE 5.4 Software Hierarchy Structure of Data File Generation

~
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5.4

Cell loss datat lile is generated according to the Poisson disteibution which is given

infQ 3-7

Figure 5.4 shows the structure of the random files generation process. In this mod-
ule. the input parameters will be properly converted into the format that the ran-
dom number generator can recognize. At the end of this process, two data file are

generated and saved in the hard disk.

I). Simulation duration is used to calculate the size of data file. For a single pass
simulation, it is the duration of the emulation. In this case, the data file is only
used once. For the repeated emulation it is the duration of each emulation

cycle.

2). Fixed cell delay is 2 summation of fixed delay a cell experienced in the net-

work.

3). Average cell queueing delay is actually the mean of D,. (c.f. EQ. 3 - 3 for the

calculation of the mean).

4). Delay variance will decide the shape of cell delay pdf’s curve. (c.f. EQ. 3 - 4)
5). Cell loss rate is the ratio between cell loss and the total number of cell gener-

ated,

Design of Speech Emulation Process ,

The speech emulator has been built on using the Motorola DSP56000 ADM board
with an Arial DSPAD 16 card which has 2 16-bit A/D inputs and 2 16-bits D/A oﬁl-
puts used as analog telephone signal interface. The func}ionalily 6fspcccl; cmula-

tor can be summarized as follows: .
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5.4.1

). analog speeeh signal digitization

2). sidetone and echo insertion

3). speech/silence detection

4). ATM cell assembly(packetization) and PVT cell transmission emulation

3). packet voice receiver with cell delay compensation

6). cell disasscmbly

7). speech signal reconstruction

Figure 5.5 depicts the architecture of the speech emulator on one direction. The

other dircction is symmetrical. The high level software hierarchy structure diagram

is given in Figure 5.6 on page 71.

Analog Speech Signal Digitization
The analog speech signal AD conversion is performed on the Arial DSPADI6

board. An 8 Khz timer is used.as the trigger source to get the voice signal sampled

~ at the speed of 8000 samples per second. Then the 16 bits voice samples arc sent to

p-law or A-law speech CODEC on DSP56000 ADM card, which converts the
voice samples into 64 kbits PCM bit stream. Because of modular software design,
the CODEC can be easily replaced in future evolutions. When diflerent bit rate

CODECs are used the ATM packetiiution delay has to be changed accordingly. For

example, if an ADPCM encoder is used, the packetization delay will be increased

to 12 ms instead of 6 ms.

Ty
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9.4.2 Sidetone and Echo Insertion
In a telephone set. partial of the transmitter signal power is diverted to the receiver
in order to make the talker listen to his/her own voice while he/she is talking,

which is defined as sidetone.

In general, there are two methods to add the sidetone and echo into the emulation

system: hardware approach and software approach.

In the hardware approach, the analog hybrid circuit in the telephone set is used to
generate sidetone and echo. Since the telephone set is specially designed to work
with current loop, only a fixed level of sidetone and echo can be generated from
the telephone hybrid circuit. This is definitely not good enough to meet the

requirement of a speech emulation study.

Al the earlier stage of the experiment, the circuit in a tclephone set was used o
provide sidetones and generate echoes during the emulation. I works fine for the
fixed level sidetone and echo generation. As experiment progressing, it was

noticed that the level of echo generated from phonc set can only be adjusted in

vin)sfvgdn) vgn) v
) vin) N 1 7T D.m
A > ] encide el decile - et DDA
[ NV Y
] Phadn) - : wafn)
- sideto echio echo sitdetone
Alt.o A P At 3 Al
tratng - [ HEWT) ]
Jan Jan
DA - - deonde fa encoule [ -t . Al
M \J vin) L/ vn} i)
' v W+ Pagn) :

FIGURE 5.7 Sidetone and Echo Insertion on Audio Paths

r
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5.4.3

about 3 dB range by changing the loop current. It is rcally inconvenient when try-
ing to sec the impact of different echo loss to the speech quality, Based on this
molivation, a software approach has been designed and implemented on sidetone

and echo insertion.

Figure 5.7 illustrates how the sidetone and echo are injected into the audio paths in
the software approach. The sidetone signal is taken from the output of the AD con-
vertor, then rﬁulliply with an attenuation coefficient o.. The output signal o v {n)
will be sent to the input of DA convertor combining with the output data v{n}. The
echo signal is taken from the decoder output signal v,}(n), then multiply with echo
foss coefficient f. The attenuated signal v n}is combined with v(n) as encoder’s
input signal: v(n} + Bev,(n). Both o and B can be configured through emulation

control interf‘ucc cither before or after the emulation is started.

Speech/Silence Detection

As already stated, the active talkspurt only takes about 40% of time in a conversa-

tion[SB]. In ATM network, in order to increase the channel utilization, a speech/

silence detector is used to detect active speech signal.

After the speech signal is digitized, the 64kbits stream will go through the speech/
silence detector. Only active speech data is packetized into each 48 bytes ATM

cell, then sent to the transmission emulation module.

In ATM speech emulator, the key technique of speech detection is the precise esti-

mation of the background noise power during a pause or silence period. [41] By

calculation of the silence noise power an adaptive power threshold for speech

“detection and a noise level code for silence reconstruction-are obtained.

A

v
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The signal power is estimated with a 8 ms moving window which has 64 speech
samples of PCM coding. so it is possible to precisely deteet the power variation of
the speech waveforms. The short-time power 2, made by a low-pass operation
method [44] using the previous power £, and the input signal v, can be caleu-
lated as:

! Lo EQ5-1
Pnz(l_(’__‘)'l’n—l'*(_ﬂ"rl; ( }

- The speech/stlence detection is made by comparing the power P, with the adaptive

power threshold Py, which is given in EQ. 5 - 3, below.

The final decision of talkspurt or active speech duration 1, is the combination of

the speech detection time ¢, and the hangover time 1, as follows:

W= Iptly A (EQ5-2)

The speech signal is delayed by 12 ms relative o the speech decision o minimize
front-end clipping. This 12 ms delay 1\ suitable 10 PCM speech packetization for
an ATM cell size of 48 octets [2]. For the adaptation of Py, the silence noisc
power Py is produced by two operational m\clhods. Calculating the average power
Py during 256 ms, the rﬁinimum value of Fy is renewed as long as the silence dura-
tion is continued. This renewal Py becomes Pg. If the ﬁpcech duration is continucd
up to 5s, the minimum value of Py within 5s bccomcs P Using P, with these '_

opcmnons Py is calwldlcd by: -
”’m= “‘Ps : | _(505-3)"‘

’

where, the coefficient o = 10" and P, range from -60 dBmO to - 30 dBm0 137). .
the T , ‘



To maintain speech quality, a longer hangover time has been proportionally
applied 1o the power threshold increase. [42] Therefore controt of the adaptive

hangover time is carried out in the range of variable time from 20 ms to 160 ms.

A flow chart of speechfsilence detection implementation of speech emulator is
given in Figure 5.8 .

Speech/Silence Detectior

call flag sei’?

L 1es¢l handover counter _l
L setcnll Nag I

handoser
cnunier sel’?

| et handover counter I

I setapeech I |
’ I el handover eounter Map _l
[ clear povise ballier npvane I

w | handavet counter - | I
I
I delay compensativn covnier - | I '
L

, ﬂ@ I sl specch ull —l

I " st playou flag l _ : :

|
I reset delay comp, sl Nag I

' END )

FIGURE 5.8 Flowchart of Speech/Silence Detection




5.4.4 Cell Transport Emulation

5.4.5

The active speech samples out of the speech detector are directly packetized into
cither 32 oclets or 48 octets cells [30]. which is based on the emulition conligura-
tion. In current implementation, one ATM cell only contains the voice data from

one source. To fill up a 48 octets cell. it will take 48 specch samples (6 ms).

As soon as a cell is assembled, the cell will be sent to the transmission error simu-
lator (TES). TES receives the network simulation data every 6 ms which is desig-
nated for each individual cell. If the data indicates (OXFFFF) the cell is a lost celi,
then TES discards the cell. Otherwisc, it attaches the data received from network
simulator, then passes the cell to packet voice receiver. The data indicates the delay

of the cell experienced in the network.

PVR Implementation

Packet voice receiver is the core of the emulator. It receives the cells from the net-
work, estimates the delay cell experienced in the network, calculates the recon-
structidn delay aﬁd disassembles the cells, (h‘én puts the speech data into the play-
out buffer queue. If a cell is lost or experienées an excessive delay in the network,
PVR inserts the background noise to the output buffer queue in order to make the

output speech signal continued and sound more real.

In the current desigh, two types of packet voice recci‘vers are implgmcnlcd. The
first one is a fixed delay cbmpensali\ém (FDC) PVR (please refer to Figure 4.5
“Fixed delay com‘pensarion ATM -PVR"on page 56 for detail), which uscs the
Blind Delay method (Section 4.3 “Packet Voice Synchronization "1) to estimate the

maximum queueing. delay fn the network and Iuscs NTI‘ st}alcgy (Sec:ioﬁ 4.4..1 |

“Null Timing Information (NTI) Srrdleg_v" on page 53) to synchronize the speech.

The second one is an adaplive delay compensation (ADC) PVR (Plczis'é refer to
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Figure 4.6 “Adaptive Delay Compensation PVR on page 58), which adjusts the
compensation delay, between two consecutive talkspurts, according o the cell
arrival variance in the previous talkspurt. The adjustments (1., 1., in Figure 4.6 on
page 58) could be cither positive or negative. If it is a positive adjustment, it means
that the previous delay compensation is not tong enough and the extra delay 1.,
shall be added to the previous compensation delay 7. The compensation delay after
adjustment is given by 7,,,.. = T + 1,;. In this case, the proper number of bytes of
background noise data arc inserted into the output buffer queue before the actual
speech data. If the adjustment is a negative, it means that the previous compensa-
tion delay is too long and it should be reduced according to the value of 7. In this
case, PVR reduces the silence period between two talkspurts by shifting the speech
data m the play-out buffer forward according to the new compensation delay T,

= T~ 1o For both PVRs. the initial compensation delay 7' is initially introduced

by the user together with other configuration parameters before starting the emula-

tion process. During (he emulation process, these numbers can also be changed

based on the cxperiment requirement,

Because of real time limitations, we could not calculate the ceil interarrival vari-
ance in real time. Instead, we use tlie-maximum cell play-out delay difference
MAXPD multiplied by a safety coefficient o (o > 1} to calculate the delay adjust-
ment. £Q. 5 - 4 determines the rules to calculate the delay compensation adjust-
ment. It covers threc scenarios. In the first scenario, MAXPD is larger than D,
which indiéales that one or more cells may have been lost or excessively delayed in
the network. In this case, (MAXPD- nDy) is used for the calculation of delay com-
pensation adjustment. N is the ‘uppcr‘ bound 6n the number of consecutive cells can

be lost in a talkspurt without being taken as a silence period. Based on the values

given in Table 2.1 . N = 40 which is defined as the maximum cell arrival delay in a-

B : 7
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talkspurt has been recommended in this study. Tt is equivalent 1o the mean of 240
ms silence period of a conversation. I a cell arrival delay is larger than 240 ms, it is
considered as the first cell of a following talkspurt. In the second seenario,
MAXPD is larger than 0 and smaller than the cell packetization delay £2,. In this
case the delay compensation adjustment ;= AT= o- MAXPD is a positive number,
and T will be extended by AT period. In the third scenario, MAXPD is smaller than
0 and AT = MAXPD + M{ll—)l)l is & negative number, and 7" will be shortened by a
period length AT. For example, if MAXPD equals to 3 ms, it indicates that in the
preceding talkspurt, at least, one cell has arrived exceeding its target play-out time
by 3 ms. In order 1o avoid excessive cell losses caused by extra cell delay in current
talkspurt, it is recommended to multiply MAXPD by a safety coefficient ¢ in order
to get the actual delay compensation adjustment. EQ. 5 - 4 gives the rule that the
compensation delay 7 is adapted based on o and nn&imum play-out (Iclaiy differ-
ence (MAXPD) measured in previous tatkspurt and cocfficient o In fact, o is a
- parameter which lﬁay vary according to the change of cell delay variance and cell
discarding rate. Because the limitation of CPU’s processing power, only 1 ﬁxéd o

= 1.6 was considered in the implementation.

T+a- (MAXPD -nD), MAXPD 20D, n=1,2,..M
. > ' £
- T+a-MAXPD, D,>MAXPD 20 .
E v
T+ (MA XPD + M—"%U—JI) MAXPD <0

The algorithm of the adaptive PVR is given in Figure 5.9 in the form of flow chart.
In Figure 5.9 , ICEL_SPURT represents the first cell in a talkspurt. If the cell is the
first.cell in';l talkspurt, PVR will update its compensation delay 7 uccording; to the
maximum play-out delay difference (MAXPD). P_Dclay is the. lz‘lrgcl' p'luy-nul.
delay for current lalkspuﬂ. It is given by adding the delay experienced by the first

cell in the talkspurt to 7,,,,. This target play-out delay is used as the reference to
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Judge ihe loss of other cells in the talkspurt. The first cell in a talkspurt is always
playcd-out with an extra 7 mys delay. After the new delay compensation parameter
1o s been derived. the pointer to the play-out buffer is adjusted based on the
difference of 7, and 7. which is defined as AT, In the ligure, AT is converted to
the number of bytes N which is used to off-set the pointer of the play-out buffer. If
T 18 different from the previous 7, N bytes noise data will be either inserted into

play-out buffer at the case of AT > 0 or deleted from the play-out buffer at the case

Calenlate new delay

Ditl= Delay_ i1 _Delay campensation Toew

1

NelTyp, -T

MANIDY = il

Delete N byles noise Tnsert N byles noise

busest noise vl

Save T e Ty

Save cell to play-out by

i

FIGURE 5.9 Adaplive Packet Voice Receiver Algorithm '
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5.4.6

5.4.7

of AT < 0. Otherwise. no adjustment is necessary. I the arriving cell is not the first
cell in the talkspurt, the PVR caleulates the difterence (Diff) between the cell delay
(Delay_i} and the cell play-out target delay (P_Delay). If this difference, Difl, Difr
18 greater than the maxtmum value already registered, MAXPD is updated. If Diffis
positive, the cell is dropped and one or more noise cells are inserted into play-out
buffer according to cell arrival delay. Otherwise, the cell is saved in the play-out

buffer until decoded.

Background Noise Insertion

Since the speech detector is used in ATM network to increase the channel utiliza-
tion, there will be nothing transmitted from the source between two active talk-
spurts on the network. This silence period compression causes ditferences hetween
transmitted and reconstructed periods at the receiving end when the silent periocs
are reconstructed|5). In order to make the speech reconstruction more natural, the

background noise should be added in the silence period.

In the real system. the PVR should generate the back'groulnd foise according to
noise level information provided by the transmitter end. In the emulator implemen-
tation, in order to reduce the design complexity, the background noisc dhring
silence period at the transmitter end is saved into a background noise buffer which |
will be keeping updated. As soon as PVR detects a cell loss or a silence period, it
éopies the noise data from this buffer into the voice data output buffer to fill out
those blank periods,

SCI Communication on bSPSGOOO

The SCI port on DSP56000 has been used to provide the communications between

ATM Specch Transport Emulator (DSP56000, ADM) and ATM Network Behavior
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Simulator (PC). The paramicters passed through the link are cmulation configura-

tien, enmulation comrol and network behavior parameters.

The SCI port has been set at the bit rate of 19.2 Kkbits per second. Because the
ADM card does not have enough timers to support both 8 Khz speech signal sami-
pling and 19.2 kbps serial communications. an external clock has to be used to pro-
vide the timing signal for the SCI. The RS-232 communication card on PC has

been modified to output the clock signal on pin 16 as specified in CCITT V.24,

SCI port ADM board can only provide 0-5V signal level. In order to make the
communications possible between DSP56000 and PC. a signal level conversion
circuit has designed and peggy-backed on ADM board to convert the signal level
between SCI and RS-232. The schematic of the converter is given in Figure 5.10

for reference. The jumper should be removed if the internal timing source is

sclected.
PC RS-232 - J5
2-TX fred) o " W
3+ RX (while) 2 I l 21X
16-Clkackr 3 | O—»0 B o
jomper
7-GNDgreens 4 | [} ® B |iam
Vee =3V U OO
16 15 14 13 12 11 10 9
. MAX232
! 2 3 4 5 6 7 8
RENEREEEEERNEEN !
L]
- -

4 x2.2p0 ——— ——

FIGURE 5.10 SCI - RS-232 Signal Level Convertor
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5.5 Design of the Analog interface

5.5.1

The analog interface includes three subcomponents: a) human-machine interface
which converts the acoustic speech signal into electrical signal. Currcmly lwo
maodilicd 100 type traditional telephone sets are used for the subjective test: b) an
anti-alias filter which is used 1o reject any out of band signal; ¢) audio interface

providing the interface between the telephone set and the AD/DA convertors.

Human Machine Interface

Onc of the objectives to build the speech emulator is to get subjective evaluations
of the speech quality in ATM network. To achieve this objective, a human-
machine interface is needed to convert acoustic voice signal into clectrical speech
siginal at the talker end and convert the electrical speech signal back to acoustic
voice signal at the listener end. Two 100 type regular telephone sets have been

chosen for the purpose of the experiment.

Because the regular telephone set is designed to work on current loop with switch
line card, it can not be directly interface to the AD/DA convertor. An audio inter- -
face needs to be designed and implemented to provide such kind of interconnec-
tion. On the other hand, the telephone set is designed to work in 2-wire full duplex
made, but AD/DA channel are equivalent to 4-wire duplex mode. To avoid design-
ingr a complex 2-wire to 4-wire convertor, the wiring in telephone set has. been
modificd and to make it workable with 4-wire system; In the mean time, the hybrid
circuit in the telephone set is kept the same, which still provide the sidelone to the
receiver and also gencrate cchoes to the emulator. The modified telephone cilrcuil

is illustrated in Figure 5.11 .
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5.5.2

5.5.3

Black [} O
Rx Ground L é
Blve [} ())
Tx Grownd RR
Green { AN &
3 A
R L_1— i
L ]

2.0py
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FIGURE 5.11 Modified 100 Type Telophone Set Circuit

Audio Interface
The main purpose of designing the audio interface is to provide a signal connec-
tion between the telephone set and AD/DA convertor. It has following basic func-

tions:

« provide the current loop and power to the telephone set

+ provide a way of flexible gain control between the phone set and the AD/DA

convertors in order to meet the needs of experiment

» impedance conversion between DA and the phone sel

Anti-alias Filter

Anti-alias filter is used to cut-off out band signal in order to reduce the interference
\ . - - - o -
to the analog-to-digital convertor. A 7th order Elliptic low pass filter, with 3 dB

cutolf frequency at 3.5 Khz, has been selected and implemented on both AD inputs
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and DA outputs to protect the AD/DA circuit. The schematic of the fow pass filter

is given in Figure 5.12 for reference.

All capacitors are 2.2 uf ~  OpAmp: TLOTACN

FIGURE 5.12 Schematic of Anti-alas Filter

|

5.5.4 Calibration '

The analog portion of the system has:to be calibrated before the emulation starts, in

order to achieve the maximum signal to noise ratio at the AD input.

Signat '

Genemtor ; i AD with

1000 Haz, s-Audio I——= L.BF 1 adjustnble -

ivpp H H
: ; ADM
! ' with
v : DSPS6000

Scope | laudio I} | LPF |, DA |

FIGURE 5.13 Calibration Block Diagram



5.6

In the calibration procedures, both a signal generator and a scope are used to find
out the best gain which can achieve the maximum output with no distortion at the

peak input.

The peak input signal can be calculated based on following method. Let's assume
the average speaker power is -11.1 dBO +/- 4. 7dB|3] (1 mv = 0 dBO). This means

that peak speaker’s power will be -6.4 dB. According to the EQ. 5- 5

w? .
Py = IG-!g(T) (EQS-5)

where:  P,,,. average speaker power
w:  average speaker’s RMS voltage

r: input circuit impedance

then, the RMS speaker’s signal voltage will be given by following calcutation,

'

. = f% 10-06) = 0.37 = 370 (mv)

Then the peak voltage will equal to 42+ 1 = 523 (mv) . For siafely reasons, IODO Hz,
I volt or 2 volt peak-to-peak signal is taken as the emulator catibration signal.

!

Summary

This chapter presented an overview of the design and implementation of the ATM
speech emulator. Because the speech detection and background noisc insertion
techniques have been considered in the design of the speech emulator, it makes the

operation of the emulator more close to reality. In next chapter, the speech emula-
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tor will be tested and evaluated through the ATM speech communication emulation

studies.
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CHAPTER 6 Experiments and Results
Analysis

As discussed in earlier chapters, the main objective of building a speech emulator
is to study of the speech signal transmission over ATM networks. In this chapler
we use the ATM Speech Emulator designed in Chapter 5 to perform some experi-
ments on ATM speech communications. Through these expeﬁmems, the function-
ality of the speech emulator is verified and some issucs on speech signal

transmission in ATM network are discussed and investigated as weil.

A subjective speech quality evaluation method, the MOS score syslém as described
in Section 2.1.5 “Speech Quality Evaluation” on page 19 is adapted to our experi-
ment. Three people have taken part in the subjective evaluation of speech commu-

nications under difTferent conditions.

Subjeclive assessment results of speech quality were expressed in terms of an
. opinion equivalent Q (Qop) and MOS scores. The MOS score was first obtained as

the average ratings the subjects gave to the speech quality, and then converted into
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6.1

opinion equivalent Q according to the curves given in Figure 6.1 [45]. The opinion
equivalent Q was defined as the speech to speech-correlated noise ratio of a refer-

ence signal,
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FIGURE 6.1 Determination of Opinion Equivalent Q (Qop), dB

A total three experiments were planned. The first experiment aimed at the study of

speech quality degradation caused by cell loss rate and delay. The second expeti-

ment attempts to study the relationship between echo path loss and the impact
1

speech transmission qualit‘)\'. The third experiment has an objective to compare the

performance of the different packet voice receiving algorithms proposed.

Speech Quality at Different Cell Loss Rate
Three experiments were carried under in this category. During these tesis, the echo
was not inseried. The objective of the first experiment was to investigate the impact

to the speech quality by missing cell, The second experiment was to investigate the
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speech quality degradation caused by different reconstruction delays. In the third

experiment, we investigated the speech quality degradation caused by both missing

cells and delay variation.

6.1.1 Speech Quality Degraded by Cell Loss

6.1.1.1

Experiment Conditions

The experiment was carried out in real time on the emulator under the following

conditions

Cell delay caused by network traffic conditions is Gamma distributed with:

Mean = 10 ms and variance = 10 (c.f. Figure 6.2 ).
Fixed network propagation delay is 50 ms.
Reconstruction delay is sct to 30 ms which is enough to compensate nearly

100% of late arrival cells. It means that missing cell caused by network queue-

ing delay is close to zero.

Cell size is either 32 octets or 48 octets.

p-law is selected as CODEC

PVR type 2 - fixed reconstruction delay PVR is selected.
Sidetone is inserted at 12 dB loss and no echo is inserted

Emulation duration was 5 minutes for each evaluator at each cell loss rate level

for each cell size.

Each individual test was repeated three times for each evaluator.

During the experiment, all the parameters mentioned above were kept constant,

which the celi loss rate was changed from 0 to 10%. The speech quality was not

tested when the ceil loss rate exceeding 10% because of poor specch quality.
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6.1.1.2 Experimental Results

The experiment results are given in Table 6.1. It lists both MOS and Qop scores.
The original scores were obtained in MOS form and converted into Qop form by
using Figure 6.1 . Figure 6.3 and Figure 6.4 are used to illustrate the difference on

the results obtained for the 32 octets cell size and 48 octets cell size.
TABLE 6.1.  Cuality degradation by cell loss rate

32 octets cell 48 octets cell
. Cell Loss% MOS Qop (dB) MOS Qop(dB)

0 4.06 © 36,78 4.05 736,57
0.1 4.02 34 4 338
0.2 . 395 32.67 392 32.26
0.5 382 © 3067 375 30

1 3.48 277 34 7.3

2 302 25 295 43

5 2.13 18.46 2,01 17.86
10 1.65 15 1.45 13.07
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6.1.1.3  Experimental Results Analysis

From Table 6.1and Figure 6.3 . we see that the service quality is degraded as the
cell missing rate increases. When cell missing rate approaches 3% in bath 32
octets and 48 octets cell cases, the voice quality is obviously getting worse and
worse. When cell loss rate is over 3%. the voice quality drops dramatically to the

unacceptable level (MOS < 2).
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FIGURE 6.3 Mean Qpinion Sceres on cell missing rate test

There is a small difference on the voice quality between 32 oclets cell and 48
octets cell at the same cell loss rate. During the experiment, we have noticed that
the volume of clicks in 48 octets cell test is a little louder than the volume in 32

:

octets cell, This is obviously due to the fact that more information is lost. The same

explanation is used to justify the articulation diffcrence between these two tests as

indicated in Figure 6.4 .
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FIGURE 6.4 Sound articulation score on cell missing rate test

6.1.2 Speech Quality Degraded by Delay Compensation .

6.1.2.1 Experimental Conditions

In this experiment, the tests were run using different reconstruction delays in order
o investigate the speech quality degraded by the missing cell caused by cell delay.
All the experimental conditions defined in Section 6.1.1.1 are kept the same except

for the following two cenditions:

« reconstruction delay is varied from 10 ms to 25 ms in 5 ms granﬁlarily

+ cell loss rate was set to zero .

6.1.2.2 Experimental Results

The experiment results for different reconstruction delay are given in Table 6.2 and
Figure 6.5 . The cell loss percentage labeled on the ﬁguré is the measurement

result of actual cell loss rate under tlie given reconstruction delay. When recon-

4
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struction delay equals to 10 ms, the speech quality is very bad. That has been indi-

cated by the MOS < | only.

TABLE 6.2.  Qualily degradation by differant reconstruction delay

Reconstruction 32 oclets cell 48 octets cell
Delay (ms) MOS Qop (dB) MOS QuptdB)
16 <] 0 <l {]
15 2.1 18.8 2,05 18.1.7
20 382 32,67 375 32.26
25 4,00 36.67 KR 355

6.1.2.3 Experimental Results Analysis

In this experiment, because different reconstruction delays have been chosen, the
cells whose queueing delay exceed the compensation capability of the reconstruc-
tion delay are lost. In this case the cell loss is purely caused by the variation of cell
arrival delay. The equivalent cell missing rate at different reconstruction delay can
be obtained on Figire 6.2 "Simulated cell delay distribution (Mean = 10 ms, Vari-
ance =10)"on page 90. For example, if the reconstruction delay is 18 ms (cJ.
Table A.1), thén the equivalent cell loss rate will be 1%. It has been noticed that the
voice quality degradalion caused by cell delay variation is worse than the degrada-

tion caused by random lost cells.

In ATM network, all cells from one voice source will go through one virtual path.
As discusseci in CHAPTER 3, the delay of a cell in a talkspurt can not havé a delay
shorter than its preceding cell by the delay of its.prcceding‘ cell minus cell packclf-
zation delay. If one cell experiences a serious delay in the network, it may cause
several succeeding cells to be lost at the packet voice recciver. For the same allver-
age cell loss rate, it will cause more bursty ccll losses in this cxperiment than in‘

previous experiment. That is why the MOS score is lower in this case. According
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6.1.3
6.1.3.1

to Figure 6.5 , when reconstruction delay is 18 ms and equivalent cell loss rate

cquals to 1%, the MOS score is about 3.1 instead of 3.4 in previous test.
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FIGURE 6.5 Mean Qpinion Score on difierent reconstruction delay

Speech Quality Degraded by both Cell Loss and Cell Delay
Expérimental Configuration

In this experiment, the objective was to find out how the cell missing rate and cell
delay variation degrade the speech quality altogether. The test was run under a
fixed reconslruclior} delay which introduced about 1% cell missing rate, and a vari-
able cell loss rate from 0 to 10%. Most of the experiment conditions are the same
as defined in Section 6.1.1.1 except the reconstruction delay is reduced from 30
ms to 18 ms. It introduces 1% cell loss to the total cell loss rate, wh.ich is caused by

excessive cell delay. »
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6.1.3.2

Experimental Results

Table 6.3 gives the experimental results of the speech quality degradation caused
by the cell loss from both random discarded cell and extensive cell delay. The celt
loss rate on the left column in Table 6.3 counts only random discarding cell loss
rate. which does not include the cell loss caused by cell delay. The cell loss rate
causcd by exceeded cell delay is about 1% at 18 ms reconstruction delay (c.f Table

AD).

TABLE 6.3.  Quality degradation by both cell loss }ale and cell delay
32 octets celt 48 octets cell
Cell Loss% MQOS Qop (dB) MOS Qopd})
0 348 YN R 27.3
0.1 34 2712 295 243
0.2 33 26.7 2.01 17.86
0.5 3.2 26 1.45 13.07
i 3.01 25 295 4.3
2 264 22.1 201 17.86
5 1.9 17 1,45 13.07
10 1.65 15 1.45 13.07
6.1.3.3 Experimental Resuilts Analysis

In this experiment, both random discarding cells and exceeded cell delay have
been considered in the test and the MOS score is better than experiment 2, but
worse than experiment 1. Better bursty ccll losses comparing with experiment 2

-will explain the reasons.

According to these experiments results, it can be concluded that the bursty cell
losses caused by cell delay variation will degrade the speech quality more than ran-

dom discarded cell loss. In real ATM system, the cell delay variation causcd by
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network queucing delay is not stable. It varies dramatically as network traffic con-

dition changes. This could be reflected in our emulation by changing the cell delay

1 == 8- AP otety Cml Mty

3% o - ' A . PR .. e .

eull missing rate caused by iImnsmission wriot {ms)

FIGURE 6.6 Mean Opinion Score on cell loss rate at reconstruction delay = 18 ms

variance. Figure 6.7 displays the relationship between cell delay variance and PVR
reconstruction delay. It is obvious from the figure, when cell delay variance
increases, the reclonslruclion delay has to be increased proportionally. Otherwise,
more cells will be discarded at the PVR because the delay compensation is not
long enough. This reminds us that the reconstruction delay should be selected
based on the maximum cell delay variance in the network in order to avoid unnec-
essary cell loss. This is not a efficient approach. But it is safe. Otherwise, an adap-

tive delay compensation algorithm has to be considered in PVR design.

The experimenlirt‘:.sulls obtained from test | are a close agreement to the results
obtained by N. Kitawaki [45] and H. Nagabuchi [46] which proved that the func-

tionality of the speech emulator is correct.
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FIGURE 6.7 Relationship between cell delay variance and reconstruction delay

Echo Path Loss and Speech Quality Degradation

Thg. objective of this experiment is two fold: a) to verify the echo emulation capa-
bility of the speech emulator; b) to investigate the impact of ‘cchoes to the speech
quality in ATM network. Because of the hardware limitation, the maximum cell
transmission delay that can be emulated on the emulator is about 100 ms. This is
long enough to emulate the echo impact in a local area network, but it mnly not

long enough for a long-haul network.
N

|

il
During the emulation, the total cell deiay varies from 20 ms to 100 ms at each dif-

ferent echo insertion loss. Then MOS score is obtained through subjective evalua-

tion. At the end of emulaltion, a set of curves is obtained o describe the relations of

MOS, cell transmission delay and echo path losses.
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6.2.1 Emulation Conditions

6.2.2

o

The hasic configuration of the emulation is sirnilar to the previous configuration as

defined in Section 6.1.1.1 with the following changes:

«  TFixed network delay is set 1o 0 ms, 30 ms and 80 ms respectively

< Recconstruction delay is set to 20 ms which combines with fixed network delay
to form total cell transmission delay at 20 ms, 50 ms and 100 ms respectively.

« Only 48 octets cell sized is used in the emulation

« Echo is inserted at 10, 20, 30, 40 and 50 dB respectively for each level of cell
delay.

+«  Random cell loss rate is sel to zero

Based on the configuration. total 3 x 5 = 15 sub-tests have been performed to each

evaluator in order to achieve the results given in next section.

Emulation Resuits and Analysis

According to the configuration, the speech lﬁualily will only be affected by the ech-
oes inserled into the system, It may have a very small amount cells are discarded
because of the extensive celi delay, but the percentage is around 0.26% which will

not have any major impact to the experiment.

The experiment results given in Table 6.4 and Figure 6.8 indicate that when the
echo path loss is fixed, the speech quality will be degraded as total cell transmis-
sion delay increases. On the other hand, if the total cell transmission delay is fixed,

the speech quality will be improved as echo path loss increases.
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TABLE 6.4.  Mean Opinion Score versus echo insertion and detay

Echo loss 10dB 20dB 30dB 40 dB 50dB
Total Delay MOS MOS MOS MOS MOS
200 ms 2.56 352 370 JUs 4
50 ms 0.72 252 s 37 asy
100 ms 0.0l 1.2 295 34 156
T : eI
. T T
s oo oL L PP
/ R T T
- //,/ : //,-“
3 R ’/ ......... .«‘.". S T T
- - " ks
s L .
as B o
§ 2 . e
@ VA - . W ot tetay « 20
- P A : _ R
3 /‘. . = totsl vels
§ y P : bl
3, S LT :
. &
1 /;,-: .. ./'.,'.’ e e
as /’ ...... RO e L
o ; \ E E
0 byl »n 490 L]
acho inaertion sttenuation (d48)

FIGURE 6.8 Mean Opinion Score on echo interference

As being discussed earlier, in digital system, as soon as the echo signal is con-
verted into digital format, it will not be attenuated any longer. In order to reduce
the impact of echoes to the spee;:h quality in ATM network, the echo signal should
be attenuated as much as possible before it is digilizcd.' Otherwisc, the digitized
echo energy will go with the useful speech signal all the way down 1o the talker
end without any further attenuation, In this case, the echo canceller has to be con-

sidered before the speech data get a cross the ATM network gateway.
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6.3 PVR Algorithm Comparison

In this experiment, we will compare the performance of two types of PVRs, fixed
delay compensation PVR (please refer to Section 4.5.1 ) and adaplive delay com-
pensatiors PVR (please refer to Section 4.5.2 ). The basic emulation configurations
arc the same as the configuration defined in Section 6.1.1.1 , but with the following

changes:

Mcan cell queueing delay is kept the same, but the variance will be changed

from 5 to 30 in granularity of 5

» For both fixed delay and adaptive delay PVR tests, initial reconstruction delay

is setto 17 ms
» Test was only carried out based on 48 octets cell
+ Noecchois inserted

* Adaptation coelTicient is set to 1.6.

From the experiment results given in Table 6.5 and Figure 6.9 , we can clearly see
the perfon‘nancc difference between these two PVRs when cell delay variance is
changed. For fixed delay compensation PVR, the pefformancc is degraded as the
cell dclaiy variance increases. For long-haul calls, the speech cell could go through
several links or switches. The nelwork queueing delay could be chaqged dramati-
cally when the network traffic condition changes. The fixed delay compensation
i’VR can not change its reconstruction delay 7, as the network traffic changes. As
soon as the network delay exceeded the maximum compensation delay, the cell
will be discarded at the PVR input. As the rate of discarded cell goes up, the ser-

vice quality would go down quickly.
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TABLE 6.5.  Comparison between Fixed and Adaplive Detay PVRs

fixed delay comp. adaptive delay comp. l
Variance MOS Qop MOS Qop(dB)

5 4.03 30.65 4.02 36.06

10 3.48 277 4.01 35.5

15 29 243 398 RER

20 2.33 199 189 32

25 1.95 i7.3 187 3198

30 1.8 16.2 387 3198

a8 -

o

-~
-
1

Maan Opinicn Score

== hed delay compentsbon PVA
. . .
1o e v | == sdaptvedery comomaatoa PYR [ - s s v s s e s SRR IEEEEERE IR

cull delay varlance

FIGURE 6.9 Mean Opinion Score between Fixed Delay and Adaptive Delay PVRs

In the case of adaptive delay compensation PVR, from Figure 6.9 we can clearly
see that the speech quality almost keeps the same as ccll delay variance increases,
because the adaptive PVR algorithm is automatically adjusting the reconstruction
delay by compressing or expanding the silence period to compensate the network
queueing delay variance ‘changes. For a long-haul commu_nicalions network, the

adaptive PVR is definitely a way to go in the future.
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6.4 Summary

This chapter presents an overview of ATM speech communication emulation and
experiment results analysis. For Poisson distributed cell losses, 3% cell loss rate
was found to be the limit that human hearing can tolerate for PCM waveform
coder. Echo impact lo the speech quality in ATM network has been proved through
the emulation. The findings through the experiments are very useful for further
study on the topic. It will also be helpful for the industry to get better understand-

ing of ATM speech communications.
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CHAPTER 7 Conclusions and Future
Research Topics

7.1 Summary and Conclusions

In this thesis we have investigated the issues related to the transport of specch sig-

nals in ATM networks and the effects of these issues to the quality of specech com- |
. munications. These issues include: cell loss rate, cell packetization delay, cell

transmission delay, cell network queueing delay and distribution, ATM packet

voice receiving algorithm and the evaluation of ATM speech communication.

Based on the results of the investigation, a prototype ATM speech emulator has
been designed and implemented on a personal computer and DSP5600 ADM sys-
tem. The emulator provides the capability to support one full duplex voice channel
real time emulation. The speech quélity could be subjeclively evaluated based on

actual telephone conversations over the emulator.
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A sct of emulations has been performed, through subjective evaluation, on the pro-
totype emulator which confirms the correct functianality and the accuracy of the

cmulator. The emulation study has resulted in a number of important findings.

In ATM networks, speech quality will be degraded as total cell missing rate
increascs. When cell missing rate reaches 3% in total, which includes both the cell
loss by network transmission error and the cell loss by excessive cell arrival delay,
the voice quality will drdp to a level (MOS = 2.5) which can not be accepted in
public telephone network. These results, alone with Kitawaki [12}, indicate that
3% combined cell loss rate will be upper bounded for ATM speech communica-
lions, no matter which error source dominates the 3% cell loss rate. However, this
result is only suitable for purely 64 Kbits PCM bit stream without any other prd-

tective algorithm being used, such as shared cell payload or missing cell recovery.

The speech quatity will be degraded when cell size increases. Comparing 32 octets
cell with 48 octets cells, the speech quality of 32 octets cell will be a little better
than 48 octets cell. When cell loss rate is lower than 2.5%, the speech quality
between these two options are very close and when the cell loss rate is higher 4%,
the speech quality with longer cell has more obvious degradation than shorter cell
does. This result indicates that within acceptable cell loss range, both European
and American proposed standard will achieve reasonable performance on speech
quality. European proposal is a little bit better on speech quality and North Ameri-

can proposal is a little bit better on channel utilization.

Echo is still a considerable factor which may potentially degrade the speech qual-
ity in ATM networks. It is not a problem in a full digital network if acoustic echoes
can be completely suppressed before they are transmitted. If ATM network is inte-

grated with existing system and telephone equipment, echo cancellation technique
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7.2

has to be considered for the long-haul communications unless the network infra-
structure can keep the total cefl delay relatively small so that does not cause any
obvious ccho cffect. For example, if total echo loss is 20 dB, the system has to
keep the overall network delay less than 30 ms in order to keep reasonable speech

quality (MOS >2.6).

Two PVR algorithms have been compared through cmulation, the results show that
adaptive delay compensation PVR is much better than fixed delay compensation
PVR when the network delay variance dynamically changes. When cell delay vari-
ance changed from 5 to 30, the speech quality only dropped about 0.15 on MOS
scale. This indicalte that adaptive PVR algorithm has the better capability to handle
large cell delay fluctuation caused by bursty network traffic which is a typical wral-
fic pattern in ATM network. For a long-haul voice communications in ATM net-

work, adaptive PVR algorithm should be considered,

Future Research in ATM Speech Communications

Because of hardware and time limitation, many useful functions z\;;(l features on
speech communication emulations could not be implemented in this prototype
speech emulator, such as the capability of using different CODECs|5], cell pack-
etization techniques{49], more PVR algorithms[51], the missing ccll recovery
mechanisms and the background noise estimation/insertion techniques[37]). Some
of them are more straightforward implementation cfforts Which only requires more
hardware capabilities like more computing power and memory and some of them
do need further studies and simulations. These will Bc the main dircctions of fur-

ther study on ATM specch communications.

In current implementations, the speech emulator only supports A-law and p-law

PCM CODECs. In fact, the 32 kbits ADPCM and 16 kbits LPC CODECs have
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hecome mature and been deployed in both public and private network for several
years. How do the speech samples from these CODECs fit into the ATM cells?
And how is the cell assembled and disassembled? How do the cell packetization
techniques for these CODECs impact the speech quality? It is worthwhile to get

these CODECs implemented and try them out on the emulator.

ATM cell packetization and missing cell recovery are closely related two areas.
The study on ATM packetization will definitely have the impact to the cell recov-
ery techniques. In general, the research on these topics can certainly benefit on fol-
lowing two aspects: a) reduce total cell delay by reducing cell packetization delay;
b) reduce the difficultics on missing cell recovery. Normally, if we want to reduce
the error recovery difficulties, we have to reduce the information lost duration (less
samples together). To achieve the objective, the specch samples have to be spread
out in several cells (partially filled cell), which will definitely reduce the cell pack-
ctization delay. But if the payload of cells are not shared with other speech sources,
the channel utilization will fJe reduced significantly. The study for a better algo-
rilhm is always required to neet the requirements of short packetization delay and
easy missing ¢ell recovery. If a shared cell payload strategy is considered, the net-

work administration overhead has to be studied carefully.

Packet voice receiving algorithm is the core of ATM voice receiver. The speech
éuality of ATM voice communications heavily relies on the performance of the
packet voice receiving algorithm. For the prototype speech emulator, only a simpli-
fied adaptive receiving algorithm was implemented with adaptive coefficient o =
1.6. The cell delay variance and cell discarding rate are not cénsidered in the
Tmplementation. In order to derive a more accurate adaplive receiving algorithm,
the relations between T and W, P.and D,,,,, in EQ. 7 - I need to be cﬁref ully stud-

ied. Reconstruction delay T is a function of Var, Pc and D,,,, where Var is mea-
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sured queueing delay variance in talkspurt (i - 7). P s cell discarding rte in

talkspurt (i - /) at PVR and D>

e 18 Maximum celt arriving delay after target play-
out time in talkspurt (¢ - 7). { is the talkspurt numberinacall, i =/, 2,... n. s the

safety coefitcient which is direct proportional to Var and £

T, = f{Var,_. Pe, . o (Var,

i1

P(‘i - l) ' 'Drrm} (EQ7-1)

Further study on this relation and coefficient should result in a more accurate
reconstruction delay estimation when the network traffic condition varics dynami-

cally.

ATM is a very promising technology for future teleccommunication networks. In
the past years, tremendous research on ATM network have been conducted and the
progress is amazing. The pioncer ATM switch and network products have already
been developed based on the results of earlier studies and TIA and CCITT prelimi-
nary standards. The findings of this study has further proved that speech transmis-
sion over ATM network is feasible and will definitely reach the similar quality

level as existing telephone networks in the near future.
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APPENDIX 1. Audio Interface Circuit
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APPENDIX II. Cell Delay Distribution Table

TABLE A1, Cell Delay Distribution at Mean = 10 ms, Variance= 10

Cell Queueing
Delay (ms) Frequency Cumulative%
0 0 0.00%
1 1 0.02%
2 2 0.06%
3 33 0.72%
4 110 292%
5 280 R.52%
6 445 17.42%
7 595 29.32%
8 647 42.26%
9 629 S54.84%
10 570 66.24%
R 446 75.16%
12 A85 B2.806%
13 7 B85
14 213 92.70%
15 142 95.54%
16 92 Y7.38%
17 39 98.16%
18- 42 99.00%
19 19 99.38%
20 18 99.74%
21 1 w.76%
2 5 99.86%
' 23 3 99.92%
24 | 99.94%
- 25 2 99.98%
26 1 100,00%
27 0 100.00%
28 0 100.00%
29 0 100,00%
Jo 0 100.00%

Note: This table is only an example to explain why 18 ms compensation delay is

selected for the experiment.
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