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Method and System for Evaluatm g the Quahty of
Packet SWltChed Voice Slgnals

FIELD OF THE INVENTION

This invention relates generally to telecommunications and specuﬁcally to a method and

- system for evaluating the quality of packet-sw1tched voice signals.

BACKGROUND OF THE INVENTION

Telephone" connections have always been subject to irnpairments in the form of noise, -
attenuatioﬁ distortion, crosstalk, and echo. Such impairments are particularly Common to analog
portions of the connection, such as along subscriber loops and wﬁhm frequency domain r
mu1t1plex1ng equipment. Digital transmission allewates many of these problems but introduces
new impairments such as quantization noise or glitches. Even using perfect d1g1ta1 tragsmlss1on
for 10ﬁg—hau1 conﬁecﬁons, a typical telephone connection includes many analog components,

such as hybrids, where impairments can occur.
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A poor connection or a rnalfuncttomng plece of equ1pment can produce condnlons that a
telephone customer will ﬁnd obj ectionable or mtolerable so that the connection is deemed to be
of very poor: quahty When there is a high 1n01dence of sueh poor connections, customers m"hy.
complain to the service provrder or regulatory authontles or simply change. service provrders.
Pereerved quality of telephorne connections is therefore a major factor affecting the reputation and

marketabthty of long distance telephone serv1ces

To guard against poor quality, telephone service proyiders have developed methods to
take objectii/e quality measurements upon a telephone line a piece of equipment or even an end-
to-end telephone eonnectton These measurements can help the service provider detect and
gauge impairments, pinpoint weak elements and correct deficiencies that degrade user perceptlon

of quality.

Many such ob_] ectlve measurements are well known and standardlzed in the art.

Empmcally-denved thresholds enable analysts to rnfer the exrstenoe and severity of qualrtyo

| problerns by comparing measurements to tables of aceeptable values. For example power levels

of test signals and qu1et ohannel noise can be measured electromcally It is well known that a
certain range of signal levels must reach a telephone recewer to produce acceptable volume at the
earpiece and that the C--weighted noise must be substantially less' than the signal level to keep .

users from expenencmg unacceptable noise at the earpiece. The combmatron of signal and noise

measures for a partlcular connection may be used to deterrmne the, likelihood that a user would r

claim to have difficulty in hearing speech through the phone.

For any one of these objective measurements, the effect of extreme values on user

" perception of quality is clear, and there are coarse thresholds to ‘define “no effect” and

“substantial degradation” conditions. Howe\{er, for interrnediate values and combinations of
impairments there is generally no clear division between values representing acceptable and
unacceptable oormectlon quahty Speeoh elarity and perceived connection quality depend on

many variables, moludmg, for example speech content, talker thythms, subjective perceptron of -
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‘the listener, and users’ acclimation'to their telephone service As a result, the correlations

between values of objectwe measures and user perception of connection quahty are statistical,
representlng the combined effects of many different kinds of ; impairments and variations of

sensitivity to them among the population.

Eariier work 1n this field hy,th’e present inventor has created mappings between objective
medsurements and perce'ived quality, so that, for example, ‘when a given circuit is measured in
terms of signal 1evel noise, distortion, cross-talk and echo using electromc measurement
equ1pment the: mappmg pred1cts the percentage of conversatlons that would be reported as being
31gn1ﬁcantly 1mpa1red or of poor quahty as percewed by an average: user population. Such

mappings have proven to be a powerful tool for analyzing reported 1mpa1rments and for gauging

acceptable performance of a new line or piece of equipment before deployment.

The mapping \aras: produced by creating or finding telephone circuits having various
combinations of measnrable characteristies and then havi_ng a population of callers conduct test
calls through such telephone circuits to- subjectively gauge the quality of each call. For each test
“call, the circuit under analysis was rated on a scale of None-Sor?me-Much for each of the
impairments manifested to users of the connectron. These impairments included nolse, volume,
distortion, and echo. Each of the subjectively rated 'impajrments was related to the selected
objectively measurable characteristics. The statistics from a large number of such empirical trials
- with ratings of None-Some-Much for each characteristic may be referred to as Service Attribute

Test (SAT) data Wthh charaotenzes the quahty of a commumcatlons service.

For ¢ach test call described above, each caller also provided an opinion score, which was

an overall cating of the circuit quality on a numerical scale. Furthérmore, each caller also

- determined whether the overall effect of the impairments was to render the connection as:

unnsable (U, rendering the channel entirely unus ahle), |
difficult (D; causing enough difficulty to require adaptation by the speaker and listener),
rmtatmg (I, disturbing but not requiring adaptatlon by the speaker and listener),

noticeable (IN; being minor enough to be 1gnored), or
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'unneticeable (O; having no effect on quality).

The percentage of calls or connections that elicit any one of the first three responses

| (unusable drfﬁcult or irritating) is called the P(UDI). The P(UDI) is of particular interest "to

- service prov1ders as a meter of customer satisfaction because it has been shown that everall

satlsfactmn decreases as P(UDI) increases, regardless of average opinion score.

- Analysis of empmcal data including user reports of nnpamnents and percept1on qualrty,
together with user reports of 1rnpa1r1nents obtained in conjunction with objectwe measurements
of connection characteristics, then supported a two step development of a means for predicting - -

user perception of quality from objecnve measurements. First, a model was produced supporting

=pred1ct1on of P(UDI) and average opinion score as a function of percentages of calls with each of

- the possible combinations of "none," "some," and "much’” (N 'S, M) conditions reported for each

of the imp airments, T hen, obj ective rneasurements were correlated w1th user reports of
nnpa1rrnents to pred1ct the prOpornon of N, S M ratmgs likely to be reported by users as a
function of the objective measurements. From these two elements, it was thereafter poss1ble to
take measurements of the ObjeCtIVB characteristics for connectronri, and translate the set of

measures: obtained into estimates of likely user perceptron of quality as revealed by the P(UDI)

and an average opinion SCore.

While traditional circuit-switched telephone networks have been extensively
characterized bj! such an approach the recent trend toward packet-switched telephony (Internet

telephony) has created a need to characterlze a telephony channel that is subject to some new

lmparrments Packet switched networks are generally unsurted to ensuting that transmrssmn

delay 1s fixed or that data paekets arrive in sequence, or even at all. ThlS behavior i is tolerable for
transfernng data files and messages, because packets amvrng out of order.can simply be arranged
and lost packets can be retransmitted. However, in packet sw1tehed telephony, voice s1gnals are

digitized and encoded into a steady stream of discrete packets Any 1nterruptrons or delay

vanatlons in transmitting voice data paekets even on the order of rmlhseconds can affect the

ability to reconstruct the voice signal at the receive end. This problem is further magmﬁed when



10

15

20

23

30

CA 02435701 2003-07-22
WO 02/096183 PCT/US02/03767

““codecs” are.used to compress or encode the digitized voice signal for more efficient use of data

transmission bandwidth. If a sophisticated codec is used and the data stream looses a crucial

packet required for reconstructing the voice waveform, the result may be heard as a tncmcntary

drop-out, garbled speech, distortion, or a buzzing sound.

Voice over an Intcrnet protocol scmetlmes abbrewated as “VoIP”, offers many potential
technologlcal and economic benefits. However large-scale deployment of VoIP is hindered by
the confusion over how much VolP transport will affect the us.er s perception of voice channel
quality. For the companies seeking to deploy and gain reyenue from VolIP to cornpete "with S0-
called “toll-quality” telephony service, there is a large risk that users will find the quality of |

SErvice unacceptable and will revert to using traditional telephone networks.

There is a need to determine what 1nc1dences of packet delay and packet loss are tolerable
10 packet sw1tched telephony without causmg any percepttble deg1 adatlon in service. The
traditional telephone network is an established first communications service that has been well
characterized by extensive expenlnents The packet switched environment may be viewed as a *
second communications service with both similarities to and d1fference§s from the first

communications service.

Therefore, where the quality of a first communications service is well characterized and
deemed acceptable there is a need to establish the requisi’te perform’ance of a second

commun1cat10n ser\nce to be comparable to the first communications serwce This is particularly

important where the- second communication serv1ce 18 subject to add1t10na1 impairments not

appllcable to the first communications service and where such additional impairments vary in.
seventy and frequency Furthermore, because dlfferent codec schemes vary in their behavior and

susceptibility to packet loss, there is a need- to charactenze tne requisite performance of the

- second communications network in the context of a particular codec scheme.

A technique is required for taking into account multiple added impairments, apportioning

the influences of each added impairment toward the composite quality requirements, and
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devising a useful way of expressing the required performance of a communications service

subject to the combination of added impatrments.

It is further desirable to, as much as possible, rely upon estahlished: statistics related’to
impairments common to both first and second communications services, so that knowledge of
the first conﬁnumcations service may spare considerable time and effort in determining

acceptable performance of the second communication service.

SUMMARY

The present inventicn provides a technique for determining what level of performance
must be maintained by a second communication service S0 as to be perceived as being of equal
quality to a ﬁrst communication service, espemally where the second commumcatlon service is
subject to addltlonal mmpairments not experienced by the first communication service. The
present invention is useful, for example, in determining what- combmatlons of packet loss and
packet delay are tolerable where a packet SW1tched telephony service 1 de31red to be percelved to
be substantlally equivalent to a traditional toll-quality non-packet—swﬁched telephone service.
The performance requirements for the second commumcatlon service are expressed in terms of

objectively measurable characteristics. Furthermore, in the cases where codecs may be used in -

cony junction W1th the packet-5W1tched transport, the present invention prov1des for charactenzmg

the perfcnnance of the second communication service in the context of a particular codec

scheme. |

The quality of a communication service 1S 'determined by measurable performance

charactensucs whlch by applylng the appropnate models, may be used to predict quality indices.

These quality indices, such as mean op1n10n score (MOS) and P(UDI), summarize the quality of
the commumcahon service as perceived by users of the service on average. The present
invention provides a technique whereby a second commumcatlcn service may be deemed to be

perceptually equivalent to a first conumunications service if the mean opinion score of second
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"' gervicg differs from that of the first service by less than a certain aﬁlopnt. For example, where -

"1 O ;

15

20 -

25

30

the mean opinion scores are placed on a scale of 0.0 to 4.0, it has been found that if the MOS of
the second service is within’O.'z units of the first service, then the second service is perceived as
being of essentially the same quality as the first service. In other words, the difference of 0.21in
such a case is imperceptible. The present disclosure further feaches that the P(UDI) of a service
must also be maill‘ltained at less than 0.06 in order for a service to be acceptable to users,

regardless of any other factors. Thus, in one insténce, it 1s found that the MOS of a second

‘communication service must be maintained within 0.2 points of that of an accepted first -

- communication service and that the P(UDI) of the second service must be maintained less than

0.06, taking all impairments into account.

Where a second communications service is to be assessed in relation to a first
communication service, and where the second comrhunicétioh service is subject to additional
irnpz;ir'ment' effects, the quality of tﬁe" second communication service may be detgnnined.largely
based upon the existing data for the first communication service. This is a substantial adifantagej
as such original data may comprise useful data from tﬁousands of test calls. In accordance with '
the teachings of the present inveﬁtioﬁ, much of the pre-existing d{ata pertainiﬁg to the first

cominunications service may be modified to reflect the influence of the additional impairments in

the context of the second communications service. This aspect obviates the need to repeat large

numbers of empirical experiments to characterize the second communications service.

The preéent invention provides a technique for taking into account the influences of
packet transport phenomena upon the quality of a communications service. The present
invention provides a technique for establishing required performance cha;acteﬂstiés, in terms of

packet loss and packet delay, for a packet-based communications service such that the service is

- perceived as being of substantially the same quality as a non-packet-based communication

service.

In accordance with a preferred exemplary embodiment of the preseiit‘ ivention, packet

~loss in a packet-switched network is accounted for based upon its manifestation as a form of
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- speech distortion. If a packetized voice signal is missing some packets, a listener may perceive

speeeh distortion. The severity of speech distortion may depend on Which if any, codec scheme
1S employed A technique is taught Whereby the effects of packet loss upon percelved speech

distortion are characterized and then this relatlonshlp is used to transform ex1st1ng servite

attribute data to reﬂeet the further effects of packet loss.

The present invention prowdes a technique for determining which of multiple.
impairments and which of the ﬁnal criteria is the limiting factor in maintaining the performance
of a communications service. In one exemplary embﬁodnnent, an 1terattve approach is taken with

various combinations of 'paek‘et :delay and packet loss values to create an overall profile of

required performance.

To address the random variation in ‘the occurrence of impairments, a prefezred

“embodiment of the present invention involves descnblng performance criteria in terms of what

proport1on of commumcat1ons may succumb to a given worst case set of impairments while stlll

meeting average quahty requirements. -

The prejsent invention also provides a technique for regarding multiple impairments in
conjunctoiﬂono with one another For example, ‘in the context of packetlswitched communications,
it is found that packet delay affects P(UDI) in a  non-linear fashion, but independently of other

charaetenstlcs An aspect of the present mvennon provides for assessmg the 1impact of packet

‘delay mdependently and then accordingly reducing the margin remaining for degradations caused

by other performance characteristics.

The techmques of the present invention allow objective measurements to replace

subjective measurements upon a channel. This ylelds an 1mprovement for exanmle in gauging

performance of a channel or a communications element before it is put into service. The

objective assessment of an Internet telephony channel is expressed in a way that is relevant to

perceived quality.
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The present invention can be used i ma vanety of ways. For example a phone system or a
portion of a phone system (e.g., a line or a p1ece of equipment) can be tested before being used
commercially. In another application, a workstation stores and analyzes objective measurements.
This workstation can be used by an engineer troooleshootmg a network or a sales engineér
comparing qualities of various Options The present invention could also be used in.an

automatic, real- tlme oontrol system for a commumcat1ons network.

BRIEF DESCRIPTION OF THE DRAWINGS

- The present 1nventlon as well as addmonal features and advantages thereof may be
better understood by readmg the followmg deta11ed description of an exemplary embodment in
conjunchon with the accompanying drawings wherem

Figs. la and 1b are ‘examples of two commumcat1ons networks that can utilize the present

: mventlon

Flg 2 is'a pictorial description of how ob}ectwe and subjective measurements upon a
communications service may be processed in accordance with an exemplary embodlment of the.
present invention,

Figs. 3a-3c are waveforms illustrating the effect of packet loss on a packetized voice

signal;. |

-

Fig. 4 15 a block diagram of communication network that includes a quality control

- .system of the present invention;

Fig. 5 is a block d1agram of an apparatus that can be used to evaluate a communication

chamlel

Fig. 6 is a flowchart of a process for determining, in a second communications service,
the maximum proportion of communications that may sﬁffer a given paoket delay and packet loss
rate and still be perceived as being of substantially‘the same quality as a first communications

SCI'V ICG

F1g 7isa ﬂowohart of a process by which service attnbute test data ‘may be transformed

to reflect the presence of a given packet loss rate;



10

15

20

25

30

CA 02435701 2003-07-22

WO 02/096183 PCT/US02/03767
10

Fig. 8 is a graph depicting the effect of packet delay upon mcidence of user complaints
for a communication service; and
Fig. 9 is a block diagram of an apparatus for assessing the effects of packet loss rate upon

pereeived distortion.
DETAILED DESCRIPTION

- The making and use of the various embodiments are discussed below in detail. However,

it should be appreciated that the present jnvention provides many applicable inventive concepts

that can be embodied in a wide variety of specific contexts. The 'speciﬁc embodiments discussed
are merely illustrative of specific ways to make and use the invention and do net limit the scope

of the invention.

‘In one aspect the present invention allows for & correlation between objectwe
measurements and perceived quality in the context of a packet-sw1tched communications service.
Figs. la and 1b illustrate simplified block dlagrams of two examples of communlcatlone
neoworks wherein the present invention may be utilized.- Referring. first to Fig. la, a hybri;flf
telephone network 10 includes both circuit switched network portionﬁs 14 and 22 and a packet-
switched netn/ork portion 18. To utilize the hybrid tel_ephony 'networkl 10, an initiating telephone
12 initiates a call with the circuit switched network 14. In the preferred embodiment, the

~ initiating telephone 12 is an ordinary telephone and the o1rcu1t SW1tched network 14 is the public |

switched telephone network (PSTN). The present mventton however 1S equally applicable to

" use with proprietary equipment and private networks.

'Circuit'switched network 14 routes the call to a gateway 16, sometimes referred to as an

~ internet teIephony gateway (ITG). Gateway 16 converts the circuit switched telephone mgnals

into packets that are compatible with the packet-swnohed network 18 While many plotocols can

be utlhzed, most cutrent networks carrying packet-switched voice use Internet Protocol (IP).

‘Gateway 16 will also have access to a directory (not shown) of addresses (e.g. IP addresses for an

[P-based network). Utilizing this directory, gateway 16 addresses the packets to an appropriate
exit gateway 20, | - |
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The voice srgnals are then transported through packet-sw1tched network 18 from gateway
16 to gateway 20. Packet-swrtched network 18, sometimes referred to as a converged network,
combines various types of media, such as voice calls, data, and strearns of v1deo, onto a single

line. All these different media are chopped into discrete blocks of data or packets As mentioned

‘above, packet-switched network 18 can be an IP-based network.

One example of an IP-based network is the public Internet. In this context, the “Internet”

(uppercase “I”) or public Internet is used to connote the worldwide collection of interconnected

networks that uses Internet Protocol (IP) to link a large number of physical networks into a single

logical network. Physically, the Internet is a huge, global network spanning nearly 100 countries

‘and comprising a great number of academic, commercial, government, and mulitary networks.

- Packet-switched network 18 might also ‘comprise' other IP-based nctworks as well as
other communication networks. For example, packet-swrtched network 18 could comprise an
internet which is not connected to the public Internet. ‘In this context an mtemet” (lowercase
“1") 1s any collection of separate physical networks, mterconnected ‘Fy a common protocol, to
form a single logical network An internet would preferably, but not necessanly use Internet
Protocol. An internet Wthh is owned by a srngle entity is sometimes referred to as an intranet or
virtual private network. Network 18 may comprise an intranet, which is or is not connected to

the Internet.

For final delivery, gateway 20 converts the packets back into a format that is compatible

with circuit switched network 22. As before, in the preferred embodiment circuit switched

network 22 1s the PSTN. In other words, circuit switched network 14 and cn:curt switched

" network 22 may be two portions of the same network for exarnple in two different parts of the

country or thé world. The telephone call can then be routed to receiving telephone 24.

Thetelecommunications network of Fig. 1b is similar to that of Fig. 1a except that it 1s an

end-to-end packet-switched network. In this case, the initiating telephone 12' can generate
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| packet-swﬂched 31gnals and provide these dlrectly to packet-smtohed network 18' In this

embodiment, the packets can be generated either by telephone 12' or by equ1pment (not shown).
that is relatively close to telephone 12' (for example, in the same building). The call is routed

across packet-switched network 18’ to receiving phone 24,

Further details on hybrid and end-to-end packet-switched networks are provided in

eommonly assigned patent applications Serial -No. 08/751,023 filed November 18, 1996

(Attorney Docket No. VON-96-001) and Serial No. 08/798,350 filed ‘February 10, 1997
(ASS1 gnee Docket No. VON-97-004), each of which is mcorporated herein by reference. |

‘Fig. 2 describes the manner in which data from objective and subjective measurements of

- a comumunications service may be processed in accordance with a preferred embodiment of the

present invention. In Fig. 2 data flow diagram 200 comprises obj ective measurements 212 which

 may be used to derive perceived impairments 216 by the application of transform 214, Objective

‘measurements 212 compnse signal power (PWR) C-weighted nmse(NSE) echo path delay

(EPD) , echo path loss (EPL), and waveform distortion (DST). Impamnents 216 are analogous
to subjective ratings of perceived impairments, namely low volume (LIV), noise (NS), echo (EC),
and speech distortio’n (Sﬁ). Note that various combinations of obj ect‘ive measurements 212 wiﬂ
affect odi'fferent ones- of the subjectively rated impairments 216. As described earlier herein,
empirical experin:{ents‘ under Varying conditions of si gnal power noiee level, etc. enable a
transfonn 214 to be constructed which accurately predlcts lmpau‘ments 216 that will reported in
response to a glven combination of obj ectwe measurements 212. A manner in Wthh transform

214 may be estabhshed by empirical experiments is described briefly earlier herein and in U.S.

Patent Application No. 09/220,733.

It should be noted that transform 214 maps objectwe measurements to nnpau'ments
regardless of the actual mechamsm of s1gna1 transport chosen. Any commumcatlons serwce
exhibiting a part1cular combination of signal and noise levels and other characteristics will be

sihiilarly rated by listeners regardless of whether.the signal 1s actually traversing radio signals,

- PCM codec*s; long-haul TODM equipineﬁt, or a packet-switched data network.
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Where the quality of a particular communications service is to be.measﬁred, many sets of
objective measurements 212 may be recorded. Each such set of measurements is then converted
using transform 214 into a set of impairments 216. A set of impairments 216 may comprise the
four 1mpa11ments LV, NS, EC, and SD each rated in terms of none, some or much. It is also

possible to directly collect subJ ective measurements of impairments. 2 16 from a communications

~ service by conducting test calls, although this.practice is tedious and disadvantageous where

“transform 214 is alread); well established.

A measurement set 210 may comprise objective measurements 212 transformed into a set
of impairments 216 or may comprise a set of subjectively rated impairments 216 directly

obtained from test calls through a communications service. A large number of measurement sets

210 pertaining to given communication service may be said to comprise the service attribute test

- (SAT) data 220 for the service. As described in U.S. Patent Application No. 09/220,733, the

SAT data 220 for a given connnunioation service may be convolved with an effects matrix 260 to
yleld an estimate of mean opinion score and P(UDI) for the service. In a similar fashion fo
transform 214, effects matrix 260 1s a prediction model that may ibe constructed from large

numbers of empirical observations to correlate reported impairments to overall MOS and P(UDI)

values.

In aocordance with a preferred embodiment of the present iﬁvontion SAT data 220

undergoes further processing before being convolved with effects matnx 260. A paoket loss rate

~ (PLR) transformation 222 is applied based upon a presumed paoket loss rate 224. As will be

descnbed in greater detail below transformation 222 redlstnbutes, within SAT data 220, the
proportlons of reporting various combinations of impairments. In essence, the reporting of the |
speech distortion impdiﬁnent is augmented in relation to how much packet loss is occurring.
Transfomlatioxl 222 draws upon a table 226 relating reports of speech distortion versus packet -
Joss rate when all other impairments are negligible. 'l‘he result of ‘transformation 222 is |

transformed SAT data 230 which reflects the performance of a communication service suffering
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| ;a level of packet loss rate in conjunction with whatever other impairments Welje present in SA'L

data 220 prior to PLR transformation 222.

Transformed SAT data 230 is then convolved with effects matrix 260 as represented by
convolve process block 232. The result is an estimated set of MOS and P(UDI) values 240

taking into account the rate of packet loss 224 provided as input earlier.

Next, the effects of packet delay are applied to the P(UDD. A packet ‘delay 244 is

prowded as input and as represented by processing block 242, the effects of packet delay upon

P(UDI) are calculated and applied to the P(UDD). It may be generally said that the greater the
packet delay, the more P(UDI) is increased. It has been determined expenmentally by the present

~ inventor that packet delay affects P(UDI) vindependently of other impairments. Therefore, it

suffices to apply the effects of packet delay after all other hnpairments are accounted for and to

do so without repeating the ‘coleveloptnent of transform 214 or effects matrix 260.

After packet delay is taken into account in block 242, the result is the composite MOS

and P(UDI) for the communication service with both a given packet.;f'delay and packet loss rate

- represented.

' In accordance with a preferred embodiment, the SAT data pertains to a first
eemfnunjcations serviee namely a traditional toll-quality telephone eonnection It is presumed
that, in terms of the power, noise, echo and waveform distortion, the perfonnance of a packet
switched. service w111 be comparable to or better than an optimum telephone connection. For
purposes of conservatively estnnatmg requisite performance for a second communication service,
it 1 assumed that the second communication service w111 at best match the quality of the first.
communication service. In the ease of packet-—svv1tehed Versus 01rcu1t-sw1tched telephony, this a
reasonable assumptmn because as described earlier, a communication system based on packet-
switched transport 1nv01ves some analog equipment at some pomt and is subj ect to many of the

same impairments as a traditional analog telephone connection.

o |
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It should be noted that Fig. 2 is prowded for descnbmg the mteractmns among various
pieces of information in accordance with an exemplary embodlment The actual process steps by

which data is acted upon are described in conjunction with Figs. 6 and 7 below.

Each of the objectively measurable characteristics will lead to a manifestation in the

perceived quality of the Vvoice signal. Table 1 provides a listing of some manifestations

“corresponding z,‘to selected measurable characteristics. Other characteristics could also or

alternatively be utilized.

Table 1
Objective Cﬁ_arac?e1°istic H__ | Manifestation
Loss (or level) L Low volume
| Noise Noisiness
 Waveform distortion | Speech distortion

Packetloss =~ | Speech d1stort10n
Echo path delay Echo
| Echo path loss B l Echo 3

b Pl i i S i amm— —

The level for each objective characteristic is transformed intojan expected percentage of

. the population that would categorize the manifestation into one olf a nmumber of subjective

quantiECations. Différent manifestations (or quality characteristics) can have different numbers
of subjective quantiﬁcations. For example, in the preferred embodiment three subjective |

quantification categories -- none, some and much -- are defined for each quality characteristic.

“Test subjects are then instructed to rate the presence of an impairment as "none” if 1t 1s absent,

"much" if it is present and very noticeable, and "some" otherwise.

Subjective’ evaluators are u“sed to determine the correlation between objective.
measurements and none-some-much ratings. Typically a large number of subjective evaluators
(e.g., 44 people or more) are used to evaluate the system. These subjective evaluators listen to .
test messages and rate the effect of the ObjeCtl’VG characteristic on the mamfestatlon For

example the evaluator will listen to a test SIgnal or series of test 51gnals with varying si gnal noise

‘(an objective charactemstlc) and then describe the signal as havmg "none" "some", or "muc
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noisiness (a quality characteristic). The same tests are performed for the other objective

characteristics to determine the perceived efafect. on the voice signal. These tests can be

_-performed by varying one characteristic at a time or by varying more than one objective

charaoteﬁstie. An evaluator is usually also asked to evaluate the effect on the voice signal ahd

the overall quality of the message.

Evaluation voice messages. are generated by varying selected ones of the objective
characteristics. For example, a first evaluation message may have 35dBmc noise, -25dB loss,
packet loss at a rate of one packet per minute, echo path loss of -25dB, and an echo path delay of

20 msec. Other evaluation messages would have a different set of values for these

. characteristics. To assure independence from message content, various messages may be used -

having the same combination of objective characteristics.

The evaluation voice messages can be generated prior to empirical testing or can be real-
time telephone conversations. Prior generated messages are useful because parameters c-anobe
precisely varied in the laboratory before hand and the content can be held constant. Real-time

conversations are useful because parties on either end can evaluate the call.

The empirical data from test calls is captured and summarized to map the combined
effects of objective characteristics such as noise, signal le{rel,, distortion, and echo info a
perceived quality level. Because this mapping is independent of the underlyin;g transport, figures
taken frmﬁ, for example, cormﬁon analog telephony may be applied here as well. However, if

the circuit under test differs substantially from the circuit used to generate the data, such as by

)

- . having a different bandwidth, then a new characterization is required.

The test data can also be used to develop a mean epinion score (MOS) for each of the
combinations of subjective quantlﬁcatlons A mean opinion score provides the average score for
all (or most) subjectlve evaluators. For example a systern can be used where the B (bad), P

(poor), F (fair), G (good), and E (excellent) are rated at 0, I, 2, 3, and 4, respectlvely
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Accordmgly, a perfect score would be 4.0 (e g., all evaluators provide a ratmg of "E" or four

pomts)

In the preferred embodiment, the BPFGE-rated MOS is used along with the probability
P(UDI) that the line is acceptable. The combination provides valuable information because, tor
example, where a MOS of 3.6 is very good and might normally be considered to guarantee user

satisfaction, studies have shown that users will nonetheless complain of poor quality when the

P(UDI) 1S greater than six percent regardless of the MOS Therefore predictions of overall
service acceptability are best made eonsrdenng both MOS and P(UDI).

The present inventor has determined that when voice signals are transmitted via a packet-
u S e
switched networks, light to moderate levels of packet loss in the packet-switched network can

affect the voice speech signals in a manner that may be per_eeived as speech distortion.

.Depending on what type of the codec is ﬁsed_, if any, packet loss may result in a incidence
of short dropouts that cause distorted waveforms, or a So- -called "warble” effect. This new fontt
of distortion can be correlated with an objective measurement of the ra}te of loss of packets Flgs
3a-3c¢ illustrate an example of the effect of packet loss on a voice signal. Flg 3a illustrates a

voice signal with no apprec1able packet loss ("none"). Fig. 3b illustrates the same voice signal

~with packet loss at the rate of 5 packets/minute while Fig. 3c illustrates the voice signal with

packet loss at the rate of 15 packets/minute. The effect of these different levels can be correlated

~ with the subjective perception of speech distortion in a voice signal, to surmise that, absent other

gauges of speech distortion, nearly all users will report speech distortion as “none” for the case of
Fig. 3a and “much’ for the case of Fig. 3¢. Further enlpirioal testing will reveal the percentage of

“none,” “some,” and “much” responses for the case of Fig. 3b.

It is expected that, depending on many factors such as the 'severity of packet loss and the

| sens1t1v1ty of a given codec scheme to such loss the incidence of packet loss rate may cause a

mixture of speech distortion and drOp -out effects. Severe drop-out effects may obliterate entire

spoken syllables or words. Generally, when packet loss is so severe as to cause drop-outs
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affecting intelligibility, the packet loss problem clearly must be corrected before a toll-quality

speech channel can be established.. The main intent of the method taught herein is to characterize

~ less severe forms of degradation; wherein the speech signal is at least intelligible. Therefore,

drop-out effects are not measured or éxplicitly considered in the exemplary embodiment taught

herein.

Fig. 9 of the accompanying. drawings depicts an example test apparatus 900 for taking

measurements of perceived speech distortion as a function of packetlloss rate and in the context

of a given codec scheme. Audible sound input 901, such as sﬁeech, is received at microphone

902 and transduced into an ‘analog electrical signal appearing at connection 950. An analog-to-

‘digital converter 904 sam"ples‘ the inconﬁng analog signal at regular time intervals and creates a

digitized representation of the momentary value of the analog signal at each sampling time. This

~ results 1n ‘aﬂstream of digital data at connection 952 as a digital representation of signal 901.

In many cases, a codec 906 is employed-to accept ﬂie stream of digitized samples and
convert them into an alternate representation. Codec 906 may implement the popular G.7294

encoding, for example. The encodiné function of codec 906 is typi{:ally used to transform the

digitized samples into a compact digitally-eﬁcoded description that éllox}rs for substantially |
reproducing a waveform without explicitly conveying each digitized sample point. The encoded

dlgltal representation from codec 906 is output as a stream of data along connectlon 054, Packet

. interface 908 packetizes the data stream from connection 954 and delivers the packets into a data |

network 910 for transport to a destination packet interface 912 As best as possible, destination

packet interface 912 collects the received packets and reassembles a data stream. -Ideally, this
data stream, present along connectmn 064, should be identical to the data stream at connection

054, However, due to packet loss within network 910, the data stream along 964 may not be a

'complete replica of the original data stream The data stream along connection 964 is input to

codec 914, the decoding function of which attempts to reconstruct a digital representatlon of

audio input 901 along connection 962, ‘If the codec and packet transport mechanisms a_re°

working properly, the digitized signal along connection 962 should be a fairly accurate
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“reproduction of the signal present -along connection 952. .Firlally, the data“ stream alorlg

°‘connect1'on 962 is provided to a digital-to-analog converter 916 which renders a reproduced
analog signal along connechon 960. This analog 31gnal may ‘be amplified and supplied to a
speaker telephone earplece or other type of transducer 918 to create sound waves that may bie

heard by a listener 970 listening to the comrnumcated audio.

Network 910 may be an actual packet network or a simulation thereof. By applying
control through a connectmn 068, a test controller 920 causes a rate of packet loss to occur mn

network 910. Test controller 920 then collects mformauon about the perceived d1stort10n from

:l1stener 070 in response to the packet loss rate imposed by test controller 920. After

acoumulatmg empirical distortion observatlons for many levels of packet loss rate, a report table
is generated summarizing the average reportmgs of “None-Some-Muc ? d1stortron versus packet |
loss rate for the given codec scheme used. Using a method similar to that outlined in Fig. 10,
test controller 920 coordinates the setting of packet loss rate and collecting of corresponding -
distortion ratings. The role of test controller 920 may be emboched in an automated system, such
as a computer or test equipment controller, or may snnply be fulfilled by a human operator

adjosting packet loss rate and recorcling the subjective clistortioil obser{llations.

Although Fig. 9 portrays network 910 as having an adjustable packet loss rate as
controlled by input along connection 968, those of ordinary skill in the art will recogtﬁze that
there are a variety of ways to obtain distortion data for various packet Joss rates. Network 910
may be an actual packet-switched petwork and means may be: employed to measure the
occurrence of packet loss between sending packet interface 908 and receiving packet interface
912. As: the load upon network 910 is increased to near full capacity, the packet loss rate will ‘
tend to increase. By c,orlltrolling the load on the network, various packet loss rates may be

obtained along with corresponding distortion measurements. In another variation, packet loss

rate of an active network may simply be monitored as trafﬁc volumes fluctuate. Over a sufficient

observation time, various packet loss rates will be observed and the resulting distortion may be

recorded. The measured packet loss rate may simply be provided as input to test controller 920
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s0 that subjective distortion observations may be correlated to the occurrence of certain packet

- loss rates.

-~ Aside from using an actual transport network to inject packet “loss, it 1s possibleto

5. simulate the packet environment without using a network. A digitized audio signal, as might be
pfesént along connection 952, may be stored in the form of a data file on a computer system. The
processes of encoding and decodiﬁg the signal may' be peffonnéd' by ‘softwar”e acting upon the

data file. Packetization and loss of packeté may likewise be simulafed in software. The resulting

signal data may then be analyzed or streamed to a D/A converter and Ioudspeaker so that any

10 effects of packet loss may be determined. As a more real-time alternative, a digital signal

processor (DSP) may be employed to emulate codec functions and may be used to inject artificial

~ packet loss at various rates.

All of these techniques amount to characterizing distortion at various packet loss rates for
15  a given codec scheme. This characte:izatibn’is preferably performed for a large number of
different listeners and the results are averaged and normalized. Table 2 represents an example

form for expressing the characterization results.

Table 2

20 Expected Incidence and Severity of Speech Distortion
as a Function of Packet Loss Rates
No. of Packets Dropped/ Reports of Speech Distortion
| | Lost per Second - None Some Much
25 | 0.1 | Pn(0.1) . Ps(0.1) Pm(0.1)
- 0.25 -- Pn(0.25) =  Ps(0.25) Pm(0.25)
0.5 ~° Pn(0.5) Ps(0.5)  Pm(0.5)
0.75 Pn(0.75) Ps(0.75) .  Pm(0.75)
| 1.0 | -- Pn(1) - Ps(1) Pm(l)
30 | 1.5 | Pn(1.5) = Ps(1.5) Pm(1.5)
| 2 Pn(2) Ps(2) Pm(2)
4 | Pn(4) - Ps@® = Pm(4)
S

Pn(5) Ps(5)  Pm(5)

35
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For each value of packet loss rate in Table 2, the rélative proportions of distortion being
reported as “none”, “some” and “much” are expressed and shonld add up to equal one.
For example, a given codeo arrangement subjected to an average packet loss rate of 1 packet per |
second might be reported as having no degradation in 45% of the empirical samples, as having *

some degradation in 35% of the samples, and having “much” degradation in 20% of the

- samples.

As described later in conjunction with Figs. 6 and 7, the emprncally determined

relatlonshlp in Table 2 may be used to transform a body of SAT data to 1eﬂect a given incidence

of packet loss.

The present invention may be utilized 1n a variety of contexts. For example, in one

embod1ment it 1S contemplated to repeat the empirical experiments to account for new effects in

the paoket— switched realm, for new spoken languages or co dmg schemes wherein some

impairments may have a greater or lesser effect, or for new channel bandw1dths

| For example, empirical test results may be different for voice si"gnals‘ spoken in English as
opposed to Chinese. As a result, a network in the United States may be optimized differently

than one in China. When setting up an international calling plan, the user could specify a

- language and calls could be routed to optimize the quality for this language This specification

can be for all calls or include dlfferent optumzahons dependmg upon the telephone number on

the other end.

~ In one aspect, the present invention solves the problem of how to measure and express the
quahty of a packet-smtched connection and especrally, how to predict the callers' responses to a

prospectlve type of connection or component before it is actually released into use. This

- technique can be used in a vanety of applications.

One embodiment is envisioned as a workstation, perhaps even coupled to a network of

- interest, wherern obJ ective measurements are stored and analyzed aocordmg to the prooess of the

present invention. An engineer looking for problems areas within the network, or a sales
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engineer comparing qualities of various options, may access the workstation to perform

projections applicable to some or all of the network.

Another embodiment " is envisioned as test equipment that performe measurements ‘Or
receives data. pertalmng to a channel under test, including packet loss rate and packet delay, and
then apphes the above process to output a P(UDI) and MOS as quahty indices for the channel
under test. The test equipment might also perform a sensitivity analyszs to identify which of the
objeetlve measurements should be adjusted to best improve the perfonnance of the channel.

Without the present invention, an engineer might be inclined to make a decision based upon a

‘noise parameter whereas the more significant factor might be distortion due to dropouts.

‘As an example, Fig. 5 illustrates a system 500 for evaluating the quality of a packet-
ewitehed voice channel. A receiver 510 1s coupled to the paeket— switehed voice channel (not
shown) Receiver 510 can, for example be coupled a router (see routers 30, 32, 34m F1g 4) a
gateway (sce gateways 16, 20 in Fig. la), or another portlon of the channel. AItematwer, the

receiver can be coupled to a specific piece of equipment which is not coupled to a network. In

any event, the receiver 510 will receive a voice signal from the packet-switched voice

connection.

Measurement circuitry 520 is coupled to the receiver 510. The measurement circuitry

| 520 measures objective characteristics of the voice signal. Preferably, one of these objective

characteristics is the rate of packet loss. As discussed above, each of the objective characteristics

is related o a plurality of quality characteristics affecting the quality of the voice signal as
perceived by users. Using techniques described above, measurements of the objectiye

characteristics can be translated into subjective quantifications of each of the quality

characteristics.

The system 500 also includes a database 530 that stores an effects matrix (see element
230 of Fig. 2). As before, the effects matrix provides quality information for voice signals that

include different combinations of subjective quantifications for each quality characteristic. The



10

15

20

235

30

CA 02435701 2003-07-22

WO 02/096183 PCT/US02/03767
23

quahty information preferably includes as md1ces both a mean opmlon score (MOS) data and a

probability that the voice signal is of an acceptable quality level (e.g. the P(UDI)).

Computer apparatus 540 runs software that calculates the quality information for a giver
input voice signal. This software utilizes measurements of the objective characteristics,

including packet loss and packet delay and the effects matrix to generate quality" information for

the voice signal. For exemple, the software- would preferably translate the objective

characteristics into a specific combination of subjective quaptiﬁcations. It Woiild then transform
the subjective quantifications based on the measured packet loss rate, apply the effects matrii to
the transformed subjective data and then apply the effects of packet delay to arrive at composite
predicted P(UDI) and MOS values.

~ Once the quahty information is calculated, it will be utilized by output c1rcu1try 550. The

| output c1rcu1try 550 will depend upon the specific apphcatwn In an engmeermg test set, for

example output circuitry 550 may comprise a visual display or a file (e.g., in system memory or

~on a disk). Output circuitry 550 could also comprise a port where the data is transported from

computer 540.

In commercial network evaluation applications, as another exarhiple, output circuitry 550
could comprise a connection to real-time: control circuitry (e.g., as could be used in the example

of Fig. 4). Alternatively, or in addition, output circuitry could provide a service message to a

technician, for example, by pager, e-mail, audio display and/or visual display. Other examples

exist. Certainly any of the examples provided with the engineering test set example would also

* apply in commercial network evaluation applications, and vice versa.

Yet another application of the present invention is with the use of a real-time control
system for a telephone network. Such a system 1s described with reference to Fig. 4, which
illustrates a hybrid network snmlar to the one described with respect to Fig. la The control

system would work equally as well with an end-to-end packet-SW1tched telephony system such as

the one shown in Fig. 1b.
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- To begm it is understood that the block d1agram of F1g 4 (as well as Flgs la and 1b) is a
sunphﬁcanon of what a "real world" network would comprise. Much equ1pment 1s not
iJlustrated in Flg 4 for the sake of sunphcuy For example, the routmg within the pacloet@
SW1tched network 18 is illustr ated by three routers 30,32 and 34. Ina typlcal real world system,

‘more routers as well as other components would be used.

As discussed above, a phone call is _fouted bet}yeen gateway 16 and pateway 20 (either
20a or 20b) so that users at telephones 12 and 24 may carry oa a conversation. In particular, b
gateway 16 is coupled to a router 30. Router 30 reads the address on the packets and sends them
to router 32 (via any of a number of pathways which may vary between packets). Router 32 1s' -

coupled to gateway 20b which p1owdes the signal to the circuit switched telephone network 22
and then to telophone 24, |

 Detection circuitry 36 is coupled to router 32 and is used to measure objective

charaoteristics of the packet-switched signal at router 32. For examp]e detection circuitry 36

may be soﬂware running on a ‘computer (e.g., the same computer which serves as router 32) to

“measure the number of packets lost at the router. Based on the packet loss, and possibly other

objectlve characteristics such as real-time transport delay, the detection circuit ‘calculates the
P(UDI) of the signal. aIf the P‘(UDI) ogoes above a ool'tain threshold, the detection circuit will

cause a message to be sent to roater 30 that will cause the sigﬁals to be rerouted away from the |
troublesome portion of the network. In the illustrated example router 30 will re-route the voice
traffic to router 34, Wthh is.coupled to gateway 20a. Detectlon cxrcmtly 36 may also calculate a

MOS or other quallty-related index and cause re.routmg of mgnals accordingly.

Detection circuitry 30 can be incorporated in many different poftions of the network. In
thlS mannet, the source of errors can be detected. With this 1nformat10n, calls can be re-routed

and service personnel can be notified. For example, an automatic message, e.g., visual
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.indication, pager, e-mail, can bé initiated when an error is found. Using a system, such as the

one descriheci here, would lower the number of dissatisfied. customers by predieting and

correcting low quality voice connections.

As yet another example, the present invention may used to aid in the design of network'
components Since the invention prowdes a mathemancal model, an engineer can predict what
would happen (f the charactenstlos of one of the components were to change For example, an.
engineer may wish to lower the performance requ1ren1ents of an €cho canceler, to lower cost.
Before ,bmldlng new equipment, the effect of such a redesign could be predicted and any

desirable design modifications made before finalizing the design.

Fig. 6 depicts the steps n a process for deternnnmg what perfonnance is required of a
second communications service so that 1t is perceived to have the same quality as a first
communlcanons service, especially Where the second connnumcanons serv1ce is subject to
1mpa1nnents not encountered by the first corumnunications service. The quahty of the first

communications service is well characterized and described by SAT statistics provided as input

" to the process. The second communications service 1s subject to Var%able occurrence of
impairments, namely packet loss and packet delay. The process of Fig. 6 determines how often

~ the second communications service may exhibit the worst case impairments yet still be perceived

as ,being of substantially the same quality as the first comumeations service.

In Fig. 6, process 600 begins with step 602 whereupon a given packet delay and packet

- loss rate for a second communications service are provided as input. The remainder of process

600 is then executed to determine the maximum proportion of communications that may exhibit
the given packet delay and packet loss rate while maintaining the perception that the second

‘communications service is of substantially the same quality as a first communications service.

Adfter recelvmg input and initiating the process in step 602, step 604 1s executed wherein
the SAT measurements for the first commumcatlons service are obtamed Obtalmng the SAT -

measurements usually amounts to merely retrieving the prev1ously compiled data from a
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'repomtory, but may also involve takmg measurements to collect such data at the time of need.

As descnbed earlier, the SAT measufements are generally data complled from many thousands
of test phone calls, with each call being subjectively evaluated in terms of percewed effect of
each type of 1rnpa11‘1nent as Well as an overall assessment of connnumcatlons qual1ty Where .
‘eaoh impairment 1s rated in terms of ‘none-soie-much”, each combmauon of impairment levels
will be reported with some likelihood. Forexample, a comb;natlon of _reported values such as
"none-smne-some-none" referring to the extent of low volume, noise *distortion and echo,
respeotwely, may be reported in some proportion of the test calls. For the purposes of step 604,

only this characterlstlc proportion for each combination of unpamnents IS needed

Ne)tt, in step 60'6, an effects model is applied to'derive an expected mear opinion score,

MOS]1, based upon the SAT measurements obtained in step 604. MOS1 is a mean opinion score

| representing the quality typicalty provided by a first comfinunication service, such as a toll-quality

connection through a on‘cu1t- witched telephone network A P(UDI)1 value'is also obtained

representing a “basehne value associated with the first commumcatwn service.

Also in step 606 are obtained MOSREQ and P(UDI)REQ, whic¢h desonbe the quahty

‘measurements 1equ1red of the second communications network to be perceptually equal to or

better than the first oommumoatlons service,

In accordance with a pteferred exemplary embodiment, the MOSREQ value is obtained

by sirnply subtracting 0.2 from the MOS]1 value. “This is based upon the observation that

dlfferences of less than 0.2 units in the mean opinion score are nnpercept1b1e A second
oonunumcauons service exhibiting a MOS w1t1nn 0.2 points of that of the first commumcauons |

network will be perceived as being of smnlar quahty

In step 606 P(UDI)REQ 13 arbltrarﬂy set to 0 06 in accordanee with a preferred
exemplary embodiment. This is based upon the empirical observation that any communications

service becomes not1ceably degraded when P(UDI) exceeds 0.06. In the case of P(UDI), this
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threshold 1S more 1mportant than adhermg to the P(UDI)l value of the first communications

| service.

Proceeding to step 608, the SAT data obtained in step 604 is combined with a table
based on empirical observations of how packet loss rate affects perceryed speech distortion. (See
Table 2.) The result is a transformed version of the SAT data with the proportrons of
occurrences altered to reﬂect the influence of a partrcular packet loss rate. Given the abrlrty fo -
obj eotrvely measure speeoh distortion independently of other mamfestatrons of packet loss such

as prolonged drop-outs, 1t 18 plausrble to transform the speech distortion values in an existing

| body of SAT data in this manner. A process by which the SAT data 1s transformed is described

later in conjunction with Fig. 7.

In step 610, the transformed SAT data from step 608 1 is convolved with the TSAT model

to determine the MOS and P(UDI) values expected for the second comrnunrcatrons servrce being

Sub_] ect to the given packet loss rate. These values are denoted by MOS2 and P(UDI)2.

The process continues then to etep 612,.wherein the contribution of packet delay to
P(UD]) is assessed and subtracted from the value of P(UDDREQ. E}rperiments show that packet
delay affects P(UDI) in an additive manner and is indeperident of the otHer forms of degradation.

Therefore, it 1s valid to sirnply loyver the P (UDI)REQ margin by squbtracting the effects of packet

delay.

The effect of packet delay upon P(UDI) may be approximated by a plot such as graph

800 depicted in Fig. 8. Graph 800 may be determined by empirical experiments similar to those

described earlier for characterizing the effects of packet loss. Curve 810 depicts the relationship
between transport delay, such as packet delay, and the proportron of mstanoes in which users wrll

complarn about the delay 1rnpedmg conversatron Such delay may arise from encodmg or

| deoodmg of a signal at either end of oomrrrumoatrons channel, as well as from time delay in the

signal or data beirrg transported through a network. Such delay is independent of echo delay and

can be so lengthy as to interfere with normal dialog among two users.



10

15

20

25

30

CA 02435701 2003-07-22

WO 02/096183 PCT/US02/03767
28

’-Transport delay causes mutual interruption, unexplained speaker hesitation or confusion
as to who i is going to speak next due to unexpected pauses in the flow of conversatmn The
natural coordination among the communicating partzes 1s ob] ectlonably 1mpa1red and may even

render the communication service unusable.

leen an existing P(UDI) and a packet delay that will further impact system performance a

corrected P(UDI) may be calculated as follows:

P(UDI)’ = P(UDI) + (1 P(UDD) * f{t)

v.vher'e'f(t) is a normalized fdnctioin'describing the empirically derived curve 810.

Returning to step 612 of Fig. 6, after the packet delay effect is estimated and used to
calculate a reduced value for P(UDI)REQ which may be denoted by P(UDI)REQr the process .

contmues with step 614 wherem a maximum proportion of degraded calls 1s. calculated based on

the minimum MOS requirement set earlier in step 606.

A communications service using a packet-switched transport will:probably not experience

a constant paeket loss "rate. The packet loss rate will vary from moment éo momenf and from

- session to session. The perceived quality of such a communications service will be an average of

|
some instances degraded by a given packet loss rate, some instances that are unaffected and are

comparable to toll-quality circuit-switehed transport, and some instances that are of intermediate

| qual1ty ‘Hence, the preferred manner for descnbmg acceptable performance 18 to express for a

given paeket delay, a max1mum proportion of the time that the cornmumcatmns service may

- experience a given worst case packet loss rate and still maintain sufficient averaged values for

' high MOS and low P(UDI).

In step 614 then, the required propdﬂioa of degraded instances to non-degraded instances

- is.determined by solving the following equation for Plmos:

MOSI(1 - Plmos) + MOS2(Plmos) = MOSREQ
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This equation represents a linear mixture of communications instances wherein some
mstances exiubit no packet loss and are subjectively rated by MOSI and other instances

expenence worst case packet loss and have a degraded valne, M082 Plmos is the hlghest

- proportion of degraded mstances Whereby the mixture meets the limit set by MOSREQ.

In step 616, a similar determination is made based on the P(UDI) criterion, P(UDI)REQr |

A proportlon Pludi, may be determmed by solvmg the followmg equat1on
P(UDD!1 * (1 - Pludi) + P(UDI)2 * (Pludi) = P(UDDREQr

Proceedmg then to step 618, the lesser of the two proportlons Phnos and Pludi, is

selected as being the limiting factor Because both MOSREQ and P(UDI)REQr criteria must be

met the lesser of the two proportions determines the maxnnum penmss1b1e proportion of

| degraded communications satisfying both conditions.

In step 620, ”the lesser proportion selected in step 618 is output from the process to

eXpress thc maximum allowable proportion of degraded commumcattoﬁs such that the sccond

communications service is perceived to be of substantlally the same quality as the given first
communications service. The output value may alternately be reported as one minus the
proportion determined in step 618 to express the minimum proportion of communications that

are required to be unaffected by the given packet loss rate. -

Fmally, the process of determining acceptable performance for a given packet delay and
packet loss rate concludes in step 622. As those of skill in the art W111 appre01ate process 600
may be repeated for vanous combinations of packet delay and packet Ioss rate to generate a

profile of acceptable performance for a communications service subject to these effects.

Referring now to Fig. 7, a process 700 is described by which SAT data may be altered to
take into account the effects of a certain packet loss rate. Particularly, in process 700, packet Joss

is taken into account by way of its effects upon the perceived levels of speech distortion.



CA 02435701 2003-07-22

WO 02/096183 PCT/US02/03767
30

Process 700 describes the transformation of SAT data introduced earlier in step 608 of Fig. 6.

Process 700 commences with step 702 wherein a particular packet loss rate is provided as

input. The remainder of p,,rccess 700 takes place in the context of this given packet loss rate.

Next, in sfep 704, the SAT data is obtained for a commuhicaticns service that 1s not
subj ect {o packet loss. In the context of this disclosure, this baseline performance data
corresponds to the empirically tested characteristics of a first communications service, namely a
traditional toll-quality connection.
10 |
Where four chaq,acteristics are reccrded in the SAT data and each characteristic has three
values (nohe, some, much), the SAT data comprises 81 .ccmbinat‘ions of values. Each
combination of values may be referred to as a_'quadragrafh; Each qusdragrani in the SAT data
will have an associated count or proportion of :occurfence. | |
1s . “ - _
Step 706 refers to the step of selecting a subset of quadragrams m the SAT data wherein'
the reported speech distortion characteristic varies from ‘none’ to o%'ne” to “much” while other
characteristics have a fixed pattem This means that, in step 706 three quadragrams will be
selected as a context for subsequent processmg 1n steps 708- 712.
20 | :
Then, in step 708, the proportmns of occurrence assoc1ated W1th each of the three

quadragrams selected in step 706 are retrieved from the SAT data These values are represented

by Cn, Cs, and Cm.

25 Processmg continues in step 710 where another table is consulted which maps packet loss
rate into percelved speech d1st0rt10n One such table is exemplified by Table 11, presented earlier.
- For the packet loss rate that was input in step 702, the table is used to find the relative
proportions of speech d1stort1on reported as none—some-much” under otherwise optimal

conditions. These values are represented by Pn, Ps, Pm.

30
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In step 712, the proportions reported for the qﬁadregr’enis selected in step 706 are altered

~ to reﬂect the added degradation due to the given packet loss rate. In effect, the SAT data from
step, 704 is transformed to yield a new SAT data table as subject to packet loss. The proportions

P, Ps, Pm act upon the original SAT proportions Cn, Cs, Cm to yield transfonned SAT data

Cn’, Cs’, Cm’ as fo}lows:
Cn’ = Cn - Cn (Ps + Pm)
Cs’ = Cs + (Cn)(Ps) - Cs(0.5Ps -+ Pm)

' Cm’ = Cm + (Cn)(Pm) + Cs(0.5Ps + Pm)

In step 714, it is determined whether the entire SAT data, meaning all of the quadragrams

' therem have been processed by steps 706-712 to yleld a transformed version of the SAT.data.

If there are-any.remaining quadragrams that have not been SO altered then process 700 returns to

' step 706 to select further unprocessed quadragrams. As those of skill in the art will recognize, a

systematicqor a sequential approach may be implemented to systematically “step fhrodg » the

 quadragram patterns aﬂd_assuye that all the SAT data is transformed.

If, in step 714, it is determined that all quadragrams have been processed then step 7161s

| ‘:executed to output the eompletely transformed SAT data table which has been altered n

accordance with a particular packet loss rate. Process 700 then terminates at step 718.

While this invention has been desc‘rib.ed with reference to illustrative embodiments, this

~ description is not intended to be eonstrued in a limiting sense. Various modifications and

combinations of the illustrative embodiments, as well as other embodiments of the invention,

will be apparent to persons skilled in the art upon referenee to the descnptlon Tt is therefore

{

mtended that the appended claims encompass any such mod;ﬁcat1ons or embodiments.
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“WHAT IS CLAIMED IS:

1. A method for determining acceptability of quality of a second communications service, in comparison

to a first communications servme which is deemed to exhibit acceptable quahty, comprising the steps of’

obtaining a ﬁrst quahty index pertannng to the first communications service;

obtaining a second quality index peﬂalmng to the second cormumcat1ons service; and
determining that the second commumcatlon service is of unaoceptable quahty if the second

quality index differs from the ﬁrst quahty index service by more than a seleoted amount.

- 2. The method of claim 1 wherein said first and second quality indices are mean opinion scores.

3. The method of claim 1 wherein said first and second quality indices relate to an average proportion of

communications that would be rated as objectionable by users.

4. The method of claim 1 wherein obtaining a quality index perteining to the second communications

service comprises the steps ofi
measuring performance characteristics of the second network and

computing an expected quality index for the second commumcatlons service.

5. The method of claim 4 wherein said step of computing an expected quality findex is performed by
applying an effects matrix.

6. A method for deﬁennjnjng the quality performance required ofa second communications service in

comparison to a first communications service comprising the steps of ;-
obtammg a first quality index representing the quality of the first communication service;

detern‘nnmg the effect of at least one performance characteristic of the second communication
service upon a second quality index pertaining to the second communication service; and

determining a value for the performance characteristic required to'maintain the second quality

index acceptably near the value of the first quality index.
7. The method of claim 6 wherein said first and second quality indices are mean opinion scores.

8. The method of claim 6 wherein said first and second quality indices relate to an average proportion of

communications that would be rated as objectionable by users.
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9. Tne method of cleiln 6 wherein said performance characteristic is packet loss rate.

10. The’metnod of claim 6 wherein said performance characterist“ic 18 .packet delay.

i1. A 'method for détermining the quality perfonnance required of a second communications service in
comparlson to a first commumcanons service comprising the steps of: |

obtaining a ﬁrsfn quality index representing the quality of the first communication service;

determining the effect of a first perfonnance chérac{eristic of the second communication service
upon a second quahty index pertaining to the second comrnumcanon service; |

detenmmng the effect of a second performance charactenstm of the second comnlumcahon
service upon the second quality index pertaining to the second communication service;

assumung a selected value for the first performance characteristic; and

in the context of the selected value for the first performance characteristic, determining a value
for the second perfom]ance characteristic required to maintain the second quahty index acceptably near

the value of the first quahty index.

12, The method of claim 11 further comprising the step of de'cennixﬁng that the first performance

characteristic has an effect upon the second quality index that is substantially iin,dep endent of any other

- performance characteristics.

13. The method of claim'11 further comprising the step of selecting a first performance characteristic

which has an effect upon the second quality index that is substantially indepcndent of any other

performance characteristics.

14 The method of claim 11 further comprising the stcp of sclectmg a first performancc characteristic

which has an effect upon the second quality index that is substanually mdependent of the second

performance characteristic.

15. The method of claim 11 wherein said first and second quality indices relate to an average proportion

of communications that would be rated as obj ectioneble by useljs.

" 16. The method of claim 11 wherein said first and second quality indices are mean opinion scores.



10
11

12

& 0 1 N o R W N e

jumncd
-

CA 02435701 2003-07-22

WO 02/096183 PCT/US02/03767
34

17. 'iI‘he method of claim 11 wherein said first performance charat;terisfic i1s packet delay.

18. The method of claim 11 wherein said second performance characteristic is packet loss rate.

19. A method for detennmmg the quality performance required of a second communications service in

. companson to a ﬁrst communications service compnsmg the steps of:

obtammg a first quality index representing the quality of the first communication service;

- determining a second quahty index representing the quality of the second communication service

| subj ect to at least one degraded perfonnance characteristic;

determining an averaged composite quality index for coinmunicafions occurring through the
second communications network, said averaged composite quality inde:{ being an average value resulting
from a mixture of first c;ommunictat_ions occurring without the degraded performance characteristic and
second communications occurring with the degraded performanc;,e characteristic; and '

expressing the required quality performance of the second cdmmum'cation service as a proportion

between said first communications and said second communications required to maintain said averaged

composite qué]jty index acceptably near the value of the first quality index.

20. The method of claim 19 wherein said first, second, and averaged composi’ite quality indices are mean

Opinion scores.

21 The method of claim 19 wherein said first, second, and averaged composite quality indices are

P(UDI) values.

22. A method for determining how a first performance characteristic having a given value affects the
quality of a communication service, the method comprising: | .‘ | ,

obtajnjng' an original data set pertaining to occurrences of various .valués of at least one second
performance characteristic within the communication service;

determining the effect’thai the first performance characteristic has upoﬁ the occurrences of
values of the second performanée characteristic; -

computing an altered data set by changing, in the ongmal data set, the occurrences of values of

the second performance charactenstlc assuming the first perfonnancc characterlstlc is set to said given

value; and .

computing a qualfity index for the communication service based upon the altered data set.
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23. The method of claim 22 wherein said step of coinputing a quality index is performed by convolving

| the altered data set with an effects d1atrix.

24, The medlod of claim 22 wherein said quality index 1s a mean opinien SCore.

25. The method of claim 22 wherein said quality index relates to an average proportion of

communications that would be rated as obj ectlonable by users |

20. A methdd for determining acéeptable quality of a second coﬁmunjcetien service, if comﬁarison to a
first commumcatlon service which exhibits acceptable. quality, comprising the steps of
measunng at Jeast one performance charac-tenstlc for the first commumcatmn servwe
from the measured performance characteristic for the ﬁrsttconnnumqatwn service, determining a
first mean opinion score pertaﬁung to the first commmucatmn service; |
measuring at least one performance characteristic for the second communication service;
from the measured performance characteristic for the second communication service,
determlmng a second mean opinion score pertaining to the seeond commumcatmn service,; and
determining that the second commumcatlon service is of unacceptable quality if the second mean

opinion score is less than the first opinion score by more than a perceptlblejdlfference threshold.

27. The method of claim 26 further comprising the step of determining a P ‘(UDI) value of the second

communication service, said P(UDI) value relate to an average proportion of communications that would

be rated as objectionable by users, and determining that the second communications is of unacceptable

quality if the P(UDI) exceeds a threshold value.

28. The method of claim 27 wherein said threshold value for the P@D of the second communications

- gervice 1s 0.06.

29. The method of claim 26 wherein said second communication service is subject to at least one

impailment that does not affect the first co,nunun;ioatibn service.
30. The method of claim 29 wherein said impairment is packet Joss.

31. The method of claim 29 wherein said impairment is packet delay:



N
N

CA 02435701 2003-07-22

WO 02/096183 PCT/US02/03767

36

32. A method for determining the performance required of a second communications service to achieve

acceptable quality in comparisdn to a first communications service, comprising the steps of:
obtaining a permissible P(UDI) limit; | .
obtaining a first mean opinion score representing the quality of the first communication service;
determining a value of packat delay for the second communications service, . |

determining a reduced P(UDI) margm by subtractmg the effects of the value of packet delay from
the permissible P(UDI) limit;

obtaining an Ongmal data set comprising occurrences of values for performance characteristics

absent the effects of packet loss;

transforming the original data set into a transformed data set based upon a given packet loss rate;

applying an effects matrix to the transformed data set to compute a prec licted second mean opinion score

and second P(UDI) for the second communications Service;

determining a ﬁrst maxnnum proportion of communications that may exh1b1t said second mean

opinion score whlle maintaining an averaged mean opinion score that 1s acceptably close to said first

mean oplmon SCOre;

determining a second maximum proportion of communications that may ”exhibit said second -

P(UDI) such that the averaged P(UD]) remains less than the reduced P(UDI) margin; and

selecting the lesser of the ﬁrst and second maximum proportlons azthe Imaximumn proportion of

- communications 1n the second cormnumcatmns service that may experience the given packet delay and

packet loss rate yet stﬂl allow the second communications service to be pe{ce1yed as having substantially

~ the same quality as the first communications service .-
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