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Alternative methods for digitally transcoding speech for radio transmission
inan indoor environment have been investigated and compared to the
ccrrr standard, adaptive differential pulse code modulation (ADPCM).1
These alternative coders aredesigned to minimize the effects oftransmis­
sion errors onthe quality ofthe transcoded speech. Thecoders compared
areccrrr standard G.721 ADPCM, adaptive sub-band coding, and two other
non-standard versions ofADPCM. Ingeneral, when packets ofdata arelost,
the adaptive sub-band coder performs extremely well in terms ofmaintain­
ingspeech quality, as the sub-band synthesis filters fill outthegaps in
speech. However, the sub-band coder requires thegreatest levels ofcom­
plexity and delay. TheotherADPCM systems offer lower complexity and
delay-at the expense oflower speech quality.
Introduction

Oneofthe many decisions facing the
designerofan indoor wireless, timedivision
multiple access (TDMA) communications sys­
tem is choosing a method fordigitally encod­
ingandcompressing speech. Because ofthe
limited bandwidth that is typically available,
the speechis compressed to maximize the
numberofusers on the system. Abalance
mustbe struckbetween the perceived quality
ofthe speech resulting from thiscompression
and the overall system cost Othercriteria
that mustbe considered include: the end-to­
end encoding delay; the algorithmic complex­
ityofthe coder; the DC power requirements;
compatibility with existing standards; andthe
quality ofthe speechinwhich transmission
errors occur.

Aradio transmission channel is sus­
ceptible to many physical effects that tend to
degrade a transmitted signal. These effects
are familiar to the users ofradio-based consu­
mer electronics, suchas FMcar stereosor
cordless telephones. Most users know the
frustration oftrying to tunea car stereoas the
receiver moves beyond the range ofthe radio
station's transmitter. There also may be loca­
tionswithin the rangeofthe radio station's
transmitter whereour radio's reception is
somewhat degraded, caused by interference

from anothertransmitter.
When usinga cordless phone, occa­

sionally the quality ofthe voice weare receiv­
ingis unacceptable. Weinstinctively move
our head,repositioning the antenna untilthe
quality ofthe reception improves. This prob­
lemoccursbecause the cordless phoneis
receiving multiple signals. Although the base
is only transmitting onesignal, the signal is
reflected offofobjects inthe room. The
reflected signals combine at the phone's
antenna, corrupting the resultant signal. This
condition is called afade. If the situation
existsfora relatively long period oftime, it is
called a deep fade. The effects ofthese three
problems are exacerbated when transmitting
digital information using a wireless TDMA
scheme, particularly inanindoor environ­
mentthat is cluttered with physical objects,
which tendto reflect radio signals.

Ina TDMA system, the transmitted bit
streamis divided intime into frames, typically
on the orderofseveral milliseconds. Asix­
millisecond frame is illustrated in Figure1.
Aframe is further divided into sixone­
millisecond timeslots, with eachtimeslot
assigned to a specific telephone call. Eachslot
contains a headeranda packet ofuser data
for the onewireless telephone call assigned
to it.Generally, the headercontains
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Panel 1. Acronyms and Terms Us8d In This Paper

ADPCM - Adaptive differential pulsecodemodulation
ccrrr- International Consultative Committee for

Telephony andTelegraph
CPU - Central processing unit
FE - Frameerasure
Markov model-e- Usedto predictthe probaility ofa

system moving from one state to another.
MNRU - Modulated noise reference unit, an anchor

condition to compare studies.
MOS - Mean opinion score
PCM - Pulsecodemodulation
SBERR - Single-bit error rate
SNR - Signal-to-noise ratio
TDMA- TIme division multiple access

synchronization andaddressing information forthe user
data. Hthe datain the header is sufficiently corrupted,
because ofoneor moreofthe transmission problems
described above, the entireslotwill be lostand nomore
datawill be available for that particular wireless tele­
phone call until the nextframe. The lossofan entire
packet ofdatais called aframe erasure. During a deep
fade, several sequential frame erasuresmay occur. Typi­
cally, however, transmission problems will notcausea
frame erasure,but instead will causea few bits inthe
headeranduser datato be corrupted. These are called
single-bit errors. Frame erasuresand single-bit errors are
two types of transmission impairments.

In the past, many algorithms developed for
encoding speech assumed a veryrobust, error-free
transmission channel, suchas copperwire or fiber
optics. Onesuchalgorithm, adaptive differential pulse
codemodulation (ADPCM) , has been standardized bythe
International Consultative Committee forTelephony and
Telegraph (ccrrn as the coding method for toll quality
voice at a 32kb/s bit rate.Unfortunately, the perceived
quality ofcompressed ADPCM speechdegrades very
rapidly as the rate oftransmission impairment increases,
fortwo reasons:
- The incorrect output ofthe coderis caused bythe

actual corrupted samples.
- The adaptive natureofthe ADPCM algorithm decodes a

sample, usingboth the sample itself anda history of
previously decoded samples. Therefore, corrupted

ADPCM samples are included inthe history ofthe
coderandwill have a lasting, although slowly decreas­
ing, effect

Three alternative 32kb/s coding techniques,
recently designed to minimize the effects oftransmission
impairments onthe perceived quality oftranscoded
speech, are attractive candidates forindoor wireless sys­
tems. The alternative coding techniques considered are:
interleaved adaptive differential pulsecodemodulation
with adaptive interpolation; post-filtered ADPCM with
block-wise re-initialization; andpartially-backward adap­
tive sub-band coding. In orderto compare the perfor­
mance ofthese alternative coders, theyweresubjectively
evaluated ina mean opinion score (MaS) study. Thisdocu­
mentdescribes the transmission model usedinevaluating
the coders, eachofthe voice codersstudied, the subjec­
tive evaluation, andthe resultsofthat evaluation.

Transmission Channel Model
Eachofthe voice codersstudied wasevaluated

usinga packet-based transmission channel modeled in
software. Included inthe simulated transmission channel
is a simple impairment model, forthe generalized indoor
radio environment, which caninject bothsingle-bit
errors andframe erasures.

The model for injecting single-bit errors isvery
simple. Single bitsinthe simulated channel are pseudo­
randomly corrupted at a pre-specified probability.
Because deepfades, which occurinthe indoor wireless
channel, canspanseveral sequential frames, a first-order
Markov model is usedin the simulated transmission
channel to determine the occurrence offrame erasures.
The Markov model, which provides a tool to predict the
probability ofa system moving from onestateto another,
is depicted in Figure 2.

In the Markov model, two statesare defined.
The simulator will be in eitheroneor the otherstate,
basedon the resultsofthe transmission ofthe previous
packet. Hthe previous packet hadbeentransmitted
correctly (no frame erasure), then the simulator will be
in the GOOD state. Hthe previous packet hadbeenlost
because ofa frame erasure, then the simulator will be in
the BAD state. The probability ofa frame erasureoccur­
ringfor the currentpacket is dependent upon the stateof
the simulator. In the model, the probability ofa frame
erasureoccurring while inthe GOOD stateis PCB, andthe
probability ofa frame erasureoccurring while in the BAD
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Figure 1. In a time
division multiple
access (TDMA) sys­
tem, the bit stream
Is divided Into frames.
In this illustration, a
&-mIllisecond frame
Is divided Into six
1-mllllsecond time
slots. Each time slot
consists of a header
and a packet of user
data.
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Figure 2. The flrst-order Markov model was
used In a simulated channel to determine the
occurrence of frame erasures In each of the four
coders tested. If the system Is In the GOOD
state, Paa Is the probability It will remain In that
state, and PGS Is the proballlty of a frame eras­
ure. If the system Is In the BAD state, PBB Is the
probability It will remain In that state, and PSG Is
the probability It will retum to the GOOD state.
All probabilities In the tests were specified
before the simulator runs.

Probability of
GOOD remaining

GOOD (PGG)

Probability of
GOOD becoming

BAD (PGB)

Probability of
BAD becoming

GOOD (PBG)

Probability of
BAD remaining

BAD(PBB)

state is PBB• Both ofthese probabilities are specified
before the simulator runs.Frameerasuresare then
injected pseudo-randomly, basedon the specified proba­
bilities. Byspecifying that PBB is greater thanPGB, frame
erasureswill tendto occurin sequential packets, thus
simulating deepfades. The overall probability ofa frame
erasureoccurring basedon the two specified probabili­
tiescanbe calculated with the following equation:

PGB
POverall = (l - PBB + PGB )

Coders
Eachofthe codersinvestigated will inject a cer­

tain amount ofdelay intoa wireless system, due to buffer­
ing delay andalgorithmic delay.
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Buffering delay is incurred because ofthe
packet-based transmission channel. Ina TDMAsystem,
a transmitted packet contains exactly enough encoded
voice samples to keepthe decoder busyuntil a new
packet arrives precisely oneframe later. With careful
buffer management inthe transmitter, the oldestencoded
voice sample in eachpacket will be, at best,no olderthan
the duration ofthe frame. Received packets mustbe buf­
fered, andthe encoded samples decoded, at a rate that
permits the buffer to empty at the moment that a new
packet arrives. The end-to-end buffering delay ina TDMA
system will be, at best,equal to the duration ofthe frame.

Algorithmic delay is caused bothbythe timethe
encoderrequiresto process the digitized speechsample
into an encoded value, andthe timethe decoder requires
to tum the encoded sample backinto digitized speech.



Figure 3. The Input to the ADPCM coder Is either 64 kb/s
fl-Iaw or A-Iaw samples. The output Is a 32 kb/s ADPCM
sample.

databy maintaining the stateofthe codersomewhat.
For the G.721 ADPCM coder, the buffering delay

is 10milliseconds, the algorithmic delay is 250 micro­
seconds, and the total end-to-end delay is 10.25 milli­
seconds. Fortybytesofmemory are required.

Interleaved ADPCM with Ad8ptlve Interpolation. The
nextcoderstudied wasa block-wise adaptive, fixed pred­
ictor32kb/s ADPCM coder. The predictor coefficient was
heldconstant at 0.9, and the block size wasfive milli­
seconds. In anyencoding scheme, a quantizer measures
the signal ofan analog sample andassigns it a digital
code,basedon wherethe signal sample falls within a
specific rangeofstepthresholds. In compressed encod­
ing,an adaptive quantizer is used thatvaries the stepsize
according to the energylevel ofthe sample. The adaptive
quantizer in the encoderis updated at the beginning of
eachblock, and the newquantizer stepsizemustbe
transmitted to the decoderbefore eachblock is decoded.
The information to update the adaptive quantizer is quan­
tized, or digitally encoded, intosixbitsandsent in the
header ofthe slot. Aquantized version ofthe stepsizeis
used in the encoderto keepthe encoderanddecoder
quantizers locked.

Thiscoder is then evaluated usingthe previ­
ously discussed channel simulator with a frame size of
2.5 milliseconds. One5-millisecond block ofdatais buf­
feredin the encoder, andthe samples are interleaved ina
pair of2.5-millisecond packets.! First, a packet contain­
ingallodd-numbered samples from the block is transmit­
ted.Then a packetcontaining the even-numbered sam­
plesis transmitted in the adjacent frame (illustrated in
Figure 4). In the decoder, the pairofpackets mustbe
received, andthe datareassembled into a 5-millisecond
buffer, before decoding canbegin.

Ifeitherofthe packets in the pairis lostduring
the transmission, the missing dataare reconstructed,
usingan adaptive interpolation scheme, before decoding
begins. The adaptive interpolator is basedonthe
encoder's calculation ofthe correlation ofthe datain the
block. Forexample, if Packet2 in Figure 4was lost, the
adaptive interpolator would reconstruct the samples in
the lost timeslots2,4,6,8, etc., usingthe correlation
value ofthe samples in Packet1and Packet 2 ofthe block.
This correlation value is quantized intoeightbitsat the
timeofencoding, and transmitted in the headerofboth
packets ofthe pair: The following calculation is usedin

To channel output
32 kblt/s ADPCM

samples

-- Control signals

Adaptive 1----.-----_
quantlzer

.------I._...,~

Adaptive I
predictor

Quantized
predictor values

Input
64 kblt/s 11- or

A-Iaw
------II~+

The sumofthese encoding and decoding delays is the
end-to-end algorithmic delay.

Two key aspectsofthe computational complex­
ityofa coderare:
- How many centralprocessing unit (cpu) cycles are

required to both encodeand decode a digitized speech
sample. Typically, the computational complexity is
directly proportional to the DC power requirements of
the coder.

- Memory usage,which can leadto increased chipsize
andgreater power drain. For portable, battery­
powered terminals, DC power consumption mustbe
minimized to extendthe batterylife.

The complexity for eachofthe alternative coders
wasthen estimated relative to the standard G.721 ADPCM.

AdaptIve DIfferential Pul.. Code Modulation. First,
the G.721 ADPCM coderwasevaluated usingthe previ­
ously described transmission channel simulator with a
frame sizeof10milliseconds. Ablock diagram ofthe
ADPCM coderis given in Figure3.

Eachtimethat a frame erasure occurs, the
decoderhas no inputsamples untilthe nextframe
arrives. In this implementation, the decoderwill reuse
the encoded voice samples from the most recently
received packetfor its input. Because ofthe relatively
slow changing natureofADPCM encoded voice, reusing
the samples will minimize the lingering effects ofthe lost
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Figure 4. Interleaved ADPCM with adaptive Inter­
polation divides the bit stream Into !Hnllllsecond
blocks, and each block consists of two packets.
One packet contains all odd-numberedsamples
of the block, and the other packet contains all
even-numbered samples of the block. If either
packet Is lost In transmission, the adaptive
Interpolator reconstructs the data using the
correlative value of the data In the block.

Figure 5. The postflltered adaptive ADPCM uses
an adaptive postfllter to Improve the enhanced
quality of the transcoded speech.

Input To channel output
Output

32 kblt/s
64 kbit/s 11- or 32 kblt/s ADPCM postflltered

A-law +0- Adaptive
samples

Adaptive
samples

quantlzer poatfIlter-
'\

:,

Quantized I-- Adaptive

1predictor values predictor

Control signals

the decoder to interpolate the value ofa lostsample:

C
A = 1 + C2

S" = (A S" _ d + (A S" + d
where:

S,. = Missing sample
C = Quantized correlation value forcurrentblock

Using this interpolation scheme, the highly correlated
voiced segments ofspeech, suchas "em"sounds, are
interpolated muchmoreprecisely than thosesegments
that are un-voiced, suchas "sch"sounds. Once the inter­
polation has beencompleted for the block, the decoding
ofthe dataproceeds normally. Ifbothpackets in the pair
are completely lostduringthe simulated transmission,
no interpolation is possible, andthe value 0 is used in
place ofeachmissing ADPCM sample. In this case, the

header information is also unavailable, andthe most
recently received correctvalue forthe stepsizeis used.

The headerinformation required by this coder
increases the overall bit rateabove 32kb/s, There are 14
bitsofheaderinformation transmitted inevery frame, or
28bitsper block, which increases the bit rate by5.6kb/s
to 37.6 kb/s,

Because ofthe fixed predictor andblock-wise
adaptivity, this decoder is somewhat lesscomplex than
the G.721 ADPCM coder, even after allowing forsome
additional complexity to implement the adaptive interpo­
lator. The memory required forthiscoderis the sameas
for G.721 ADPCM.

The algorithmic delay forthiscoderis verysimi­
lar to the 25Q-microsecond algorithmic delay ofG.721
ADPCM. The buffering delay, however, will be signifi­
cantly greaterand,for this reason, the shortframe time
of2.5 milliseconds wasselected. Because onepacket
contains halfofthe samples from a block ofencoded
voice samples in this coder, a packet cannot be
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FIgure 6. The sub-band coder defines seven
500-Hz sub-bands for the signal sample, which
Is taken every millisecond. The average energy
of each band, measured over the entire 5-m1ll1­
second block, as well as the total energy of all
flve bands measured over the block, are the
Inputs to the blt-allocatlon algorithm. The more
energy In a band, the more bits It Is allocated.

4

transmitted until the entireblock has beenencoded.
Decoding cannotbeginuntil bothpackets containing all
ofthe samples fora block have been received. Thus,
there is oneblock's worth ofdelay addedin both the
encoder anddecoder. The end-to-end buffering delay is
10milliseconds, andthe total end-to-end delay is then
10.25 milliseconds.

Posttlltered ADPCM with Block..l.. R"'nItlaIIZlltIon.
AG.72124 kb/s ADPCM coderwassimulated, andan
adaptive postfilter wasincluded as the final stageofthe
decoder, to artificially enhance the perceived quality of
the transcoded speech- (shown in Figure 5).The control
signals shown on this diagram are derived from control
signals used to adaptthe predictor in both the encoder
anddecoder. This coderwasevaluated usingthe channel
simulator with a frame sizeof10milliseconds.

The goalofthis coderis to transmit information in
addition to the ADPCM samples, allowing re-initialization of
the quantizer andpredictor at the beginning ofeachframe
and, thereby, minimizing the lingering effects offrame
erasures.Eighty bitswereallocated forthe transmission
ofthis information, to keepthe overall bit rate ofthis
coderto 32kb/s, In the current simulation ofADPCM, the
adaptive properties ofthe quantizer and predictor are
storedin23memory locations, or statevariables. These
23statevariables are quantized into 67bits,leaving 13bits

forpossible error protection. After receiving a packet,
the decoderreloads the 23statevariables before pro­
cessinganyofthe ADPCM samples. Quantized versions
ofthe 23statevariables are loaded at the beginning of
eachblock in the encoder, as well. Doing thisensures
that the quantizer andpredictor in the encoder and
decoder will be locked at the beginning ofeachframe.
Useofthe quantized statevariables introduces a discon­
tinuity at the beginning ofeachblock. Thisdecreases
the signal-to-noise ratio (SNR) byless than0.5 dB inthe
clear (transmission impairment-free) channel.

The complexity ofthe 24kb/s G.721 coderis
equivalent to the 32kb/s G.721 coder. The additional
complexity required to implement the quantization and
loading ofthe 23statevariables is relatively small and
canbe ignored. The adaptive postfilter will increase the
complexity byan additional 10per cent. The memory
required for thiscoderis the sameas forG.721 ADPCM.

There are two components to the algorithmic
delay ofthis coder: the end-to-end ADPCM transcoding
andthe postfiltering in the encoder. The transcoding
delay is 250 microseconds, andthe postfiltering delay is
onemillisecond. Onepacket ofdatamustbe buffered in
the encoderbefore transmission. The buffering delay is
then 10milliseconds. The overall end-to-end delay is
11.25 milliseconds.
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Figure 7. The Input to the sub-band coder Is either 64 kb/s
Jl-or A-law samples. The output Is the quantized 32 kb/s
samples.

samples samples
Filter Quantizer
bank

l'

Dynamic
bit ~

allocator

Adaptive Sub-band Coder. The fourthcoder to be
studiedwasa 32kb/s sub-band coderwitha 5-milli­
secondblocksize.This coder definesseven 5QO-Hz sub­
bands ofthe voice signal, equally spacedfromDCto 3.5
kHz. The frequency response ofthe filters in the bank is
shown in Figure6.Ablockdiagram ofthe coder is
shown in Figure7. In the first stage ofthe encoder,the
average energyfor each ofthe sevenbands is measured
everymillisecond. These energyvaluesare quantized
intoa numberofbits determined by a dynamic bit alloca­
tionalgorithm and transmittedto the decoder.' The
average energy in each band, measured overthe entire
5-millisecond block, as well as the totalenergyfor all
bands measuredover the block, are the inputsto the bit­
allocation algorithm. The more energy in a band, the
morebits it is allocated. Amaximum offive bits can be
allocated to one band,and a totalnumber of24bits is
allocated for the samplesfromeach ofthe sevenbands.

The dynamic bit allocation algorithm must also
run in the decoder,therefore,these averageenergies, in
addition to the totalenergy,are transmittedin the
header ofthe slot to the decoder.Eachvalue is quantized
intofive bits for a totalof40bits. Quantized versionsof
the values are used in the encoder so that the bit alloca­
tionalgorithm producesidentical results in both the
decoderand encoder.

The coderwasevaluated usingthe channel

64 kbitls
input

Quantizer
32 kbitls
output

simulator witha frame sizeof10milliseconds. Following
a frame erasure, the decoderhas no inputsamples to
decodeuntilthe next packetarrives. In this implementa­
tion,the decoderuses zeros,forboth the encoded voice
samplesand header information, each timea frame eras­
ure occurs.A64-tap synthesisfilterbank is used to
regenerate the voice signalsfromthe decoded signals.

It is estimated that the complexity ofthe sub­
band coder will be approximately double that ofG.721
ADPCM. The memory required for this coderis estimated
to be between512 and 1024 bytes.Algorithmic delayfor
the sub-band coder is muchgreater than for the other
three coders.The majority ofthe delay is incurredby the
analysis phase ofthe encoding process,and the syn­
thesis phase ofthe decoding process.End-to-end algo­
rithmicdelayis eight milliseconds. Onepacketofdata
must be buffered in the encoderbeforethe packetcan be
transmitted. Buffering delayis 10milliseconds. Total
end-to-end delayis 18milliseconds.

Subjective Performance
In order to subjectively evaluate the performance

ofthe alternative coders,a meanopinion score (MOS)
studywasperformed. Eachofthe codersunder study
wasincluded withseveralsimulated channel conditions.
These channelconditions werecreatedbyselectingdif­
ferent typesand rates ofimpairments. The following
wereused:
- Clearchannel (noerrors)
- Pseudo-random single-bit errors injected at a rate

of0.0001
- Frame erasures withMarkov probabilities:

PCB = 1%, PBB = 10%, POverall = 1.09%
- Frame erasures withMarkov probabilities:

PCB = 3%, PBB = 10%, POverall = 3.22%
- Frame erasures withMarkov probabilities:

PCB = 10%, PBB = 10%, POverall = 10%
Atotalof19subjectsparticipated in the study,

allofwhomwere employees ofAT&T Bell Laboratories.
Thirteen ofthe subjectswere male and sixwere female.
Eachofthe subjectswasgiven identical instructions and
listenedto identical utterances. The test beganwith 10
practice trials. The samples, including the practice trials,
were presented to the listeners in fourdifferent orders to
help eliminate experimental bias.

Eightexamples ofeach coderwerepresented to
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Table I. MOS Results For All Subjects

Male Female All Number of Responses
Coder Condition

Examples Examples Examples Bad Poor Fair Good Exc

Original 4.61 4.50 4.56 0 0 6 59 95
MNRU5dB 1.15 1.25 1.20 132 24 4 0 0

MNRU lOdB 1.45 1.71 1.58 77 73 10 0 0

64kb/s u-Law MNRU 15dB 2.31 2.79 2.55 12 65 67 15 1
MNRU20dB 3.17 3.69 3.43 1 19 70 50 20
MNRU25dB 3.86 4.09 3.97 1 1 37 83 38
MNRU30dB 4.41 4.35 4.38 0 0 17 65 78
MNRU35dB 4.44 4.39 4.41 0 0 14 66 80

ClearChannel 3.91 3.89 3.90 1 3 36 91 29
0.1% SBERRs+ 2.03 2.39 2.21 29 79 43 8 1

G.721 1% 10% F.E.* 3.19 3.29 3.24 4 23 75 47 11
32kb/s ADPCM 3% 10%F.E. 2.38 2.58 2.47 16 60 76 8 0

10% 10%F.E. 1.13 1.14 1.13 139 21 0 0 0

ClearChannel 3.20 3.47 3.34 0 13 89 49 9
Interleaved ADPCM O.l%SBERRs 2.65 2.79 2.72 4 52 90 13 1

withAdaptive 1% 10%F.E. 2.86 3.06 2.96 0 35 99 23 3
Interpolation 3% 10%F.E. 2.26 2.58 2.42 8 84 61 7 0

10% 10%F.E. 1.63 1.91 1.77 55 88 16 1 0

ClearChannel 3.56 3.79 3.67 0 4 66 68 22
Postfiltered O.l%SBERRs 2.17 2.50 2.34 21 76 51 12 0
ADPCM with 1% 10% F.E. 2.46 3.28 2.87 5 50 68 35 2

Re-initialization 3% 10%F.E. 2.28 2.44 2.36 20 69 65 6 0
10% 10%F.E. 1.61 1.71 1.66 69 77 13 1 0

ClearChannel 4.40 4.43 4.41 0 0 9 76 75
O.l%SBERRs 2.06 2.65 2.36 31 62 49 15 3

Sub-band Coder 1% 10%F.E. 3.97 4.01 3.99 0 2 32 91 35
3% 10%F.E. 3.31 3.49 3.40 0 12 87 46 15
10% 10% F.E. 1.85 2.04 1.94 39 92 28 1 0

'SBERRs is an abbreviation forpseudo-random single-bit errors.
"F.E. is an abbreviation forframe erasure. The twopercentages given in the tableare PGB and PI\Bforthe Markov Model. Forexample, the "1% 10% F.E." meansthere is a
1per centchanceofthe systemgoingfromthe GOOD state to the BAD (PG1,)and a 10per cent Chance ofthe systemremaining in the BAD state (PBB)'

the subjects foreachofthe above channel conditions.
Fourofthe examples wererecorded by male speakers
andfourwererecorded byfemale speakers. Each exam­
pleconsisted oftwo short sentences separated by
silence, thus enabling the listenertojudgethe quality of
codedsilence, as well as speech.

Several anchor conditions wereincluded inthe
study. These included 64kb/s u-law foralleightexam­
ples, as well as software-generated CCITT Modulated

Noise Reference Unit (MNRU) examples at 5dB, 10dB,
15dB, 20dB, 25dB, 30dB, and35dB forall examples.
Theseanchorconditions are typically included inallMaS
studiesto calibrate the resultsofonestudyto another.

In all, there were224 two-sentence utterances
foreachsubject to evaluate. The utterances were
presented to bothears ofthe subjects using headphones
ina double-walled soundbooth. Because headphones
wereused instead ofa telephone handset, the inter-eoder
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Rgure 8. This table shows the perceived rating
of the test sUbjects (from 5=excellent to 1=bad)
as a percent of packets lost during transmis­
sion. The sub-band coder samples were rated as
higher In perceived quality than the samples of
the other coders tested.

% packetslost

Rgure 9. This table shows one of several anchor conditions
Included In the study. Software-generated eerrr Modulated
Noise Reference Unit (MNRU)examples are shown at SdB,
10dB, 1SdB, 2OdB, 2SdB, 3OdB, and 3SdB for all 8 exam­
ples. These anchor conditions are typically Included In all
MOS studies to calibrate the results of one study to another.

R....1ts

The MOS scoreforeachcoder/condition was
determined byaveraging allofthe responses, foreachof
the eightexamples, foreachsubject in the population.
The resultsare presented inTableI. Included are the
MOS scoresforcodedmale speech, codedfemale speech,

MOS differences wereexaggerated in relation to previous
MOS studiesusingtelephone handsets. After rating 60
samples, eachsubject wasgiven l~second breaks. The
test typically took50minutes to complete.

The subject ratedeachexample usingthe fol­
lowing scale: 5=Excellent, 4=Good, 3=Fair, 2=Poor,
and I=Bad.

as well as the scoreforcoding bothmale andfemale
speech. The countofeachresponse (Bad ->Excellent)
foreachcoder/condition also is given in the table. Fig­
ure 8 shows the MOS scorevs. percentpacket lossfor
the datagiven inTable I.The datapoints shown for 1%
packet lossare for the Markov probabilities PBB =1% and
PCB =10%. The datapoints shown for3% packet lossare
forthe Markov probabilities PBB =3% andPCB =10%. The
datapoints shown for 10% packetlossare forthe Markov
probabilities PBB =10% and PCB =10%.

Figure 9 shows the MOS Score forthe MNRU
anchorconditions forallsubjects in the study.

Discussion
There is a wide variety ofcriteria that mustbe

considered when selecting a coderfora digital wireless
telecommunications system. It is notpossible to make a
design recommendation without weighing allsystem
parameters andcustomer needs. However, somegeneral
comparisons are madeto aidthe system designer in
selecting a coder.

Results indicate that the performance ofthe sub­
bandcoderis superior to allothersstudied forboth the
clearchannel andwhenerrors are introduced. The bene­
fitsofthis codercome at the expense ofcomplexity and
delay. The delay, while notperceptible to the human ear,
may requirethe system to include echocontrol, which
canbe quitecostly, to achieve acceptable voice quality.

The G.721 coderhas good performance in the
clearchannel. However, it has poorperformance, with
errors,whencompared to the three alternative coders.
Because G.721 has beenan industry standard since
1986, it is well understood andsupported bymany silicon
vendors, thus affording widely available, cost-effective
solutions.

Boththe interleaved ADPCM andre-initialized
ADPCM coderssuffer from reduced quality in the clear
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channel, but eachoutperforms G.721 ADPCM as the
frame erasure rate increases. The re-initialized ADPCM
coderperforms well in the clearchannel, but is more
complex dueto the postfilter. The interleaved ADPCM
solution has the lowest complexity ofallfourcoders, but
has relatively highdelay.
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