Capsim Application Note

9600 bps Full-Duplex Voice Band Data Communicatio.
With Adaptive Equalization and Echo Cancellation
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1. Intraduclion

The word "modem” is 2 concatenation of MODulator end DEModulater, but there is a
wide range of opinion as to what constitntes modulaton and demadulation, and whether,
a moden should comprise more than just a mod and & dem. The traditional definilon of
amadis " adevice thataceepts serial hinary pulses from adat source and medulares some
property lamplituds, frequency, or phase] of an analog <ignal in order 1o create a signal
suitahle fof tansmission in an analog medivm,” [2%] The following example illusorates
the design and simulation of 3 9600 bps V. 2% modem with adaptive cyuelizatinn and echa
carcellation nsing the Capsim simulation package. In the first part of this repon we will
discuss the mode design tn a hierarchical fashion. We start with a (op level opology
and then move down into small biocks and describe them sepamately. kn Capaim glossary,
1he name Star refars to a indivisible biock in the simulation and the name Galay wlers
to combination of several connected blocks. These blocks can be einbier stars or galaxics!
The sceond part of this Tepor presents 4 performance comparnison berween the two
known adapuive filtering algorithms, the LMS algerithm and the general order mul-
richannel f1st ransversal filesr algorithen [32], for bothecho cenoellation and equalization.
The Fasl Trapsverss] Filier [2] is an efficiem implementation of the Recursive Least
Squares algorithm. Tn [4].[5] and [33], this algorithm was generalized o multiple input
and muhiple output sy¥stems with arbitary orders. The adaptive filters in high speed
modems are generatly of this vpe, For example, the fracticnally spaced equilizer with
decision feedback, orapole-2ero type coho canceller, A fixed puintimplementation of
the eche canceller will also be presented and its effects on the bit error rate &nd signal

contellation will be showamn.

This application note ts very brief and only toushes on some topies. The idea is w0 shonw
hovw @ complex sySlem may be simulated wsing Capsim, and also inooduce the power of
advanced adaprive Altering algorthms. The reader interested in more detail is refered 1o
the eferences, For a discussion on the ELS algorithm and its applicadons o telecom.
mumications refer o references [1-6] and [33-34), For an analysis of finite precision
issurs e references [7- 19, in particular for an overview see [12]. A good meference on
cqualization is [33]. Finally, an excelem paper, which peovides a historical perspective
o the various advapces that have made high speed digihal communication possible, iz
135].




2, Modem Design

The principle characteristes of the OCTTT ¥.20 mepmmendations For transmiming dara
a1 D&M bps ars as follows [28]:

a] capable of operating in afoor wire duplex or half duplex mude with conunuous
or conmolled carmer

bl combincd amplitle and phase moduladon,

3 inclusion of an avlematic adaptve eualizer.

The top level block diagram of the system is shown in Fig. 1, This spsiem consists of
a remole wansmitter, a felephone channe] with hybrids, a Jocal transminer and Ginally
local recetver. Each of these Blocks will be deseribed in detail later in this repott.
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Figure 1. Top kewel block dsgzum

The 1ack of the V.29 encoder is to output one symbol for every four bits. Thus, if the bit
rate is DA(KY bps, the synbeol rate is 2400 symbolsfsec. The symbols are complex nambers
which cormespond to the coordinates of the signal constellations. Fig. 2 shows the sixieen
potnt constellution of the CCITT V.23 meommendations.




Frgwe: I. Signal spaie didgram at S0 bee

AL9600 biry per second, the scrambled data stream 1o be transmitted is divided into groups
of four ronsecotive data bits (quad bitsy. The first bit (Q1) of £ach guad bit is used to
determine the signal element amplitede 1o be wansmitted, The secomd (G2}, third {Q3),
and the fourth ¢(34) bits are encoded as phase change relative w the phase of the
immedistely precedimg clement. This phaye encoding is identical to recomumendations
V.27 [28].

3. Systern Descriplion
A1.1. Remole transmitter
As mentioned before, this system it divided into several pelaxies. In a full duplex voice

hand modern the remote transmitter encodes the data bivs, modulates themn , and ransics
the signal into the channel. Fig. 3 illustares the galaxy remoLe- ransmit in detail.

Eigure 3. Block diagram of the encoder s the Wensmimar




The first stat in this galaxy is the binary data generarnr(fdate). Since cthisdata is random,
For simplicicy no setambler is used in this simulation. In our cise, 16384 daca birs arc
produced by this block. This star is connected o the v 20encoder star via a node. A node
{ shown a3 a small cuela} is nsed in onder (o send the same data bits into the ecertin? star
for error countng. The v2Pencoder sar produces the ¥.29 constelladon ceordinates,
Buffar(() carries the in-phase values and Buffer(l} carrics the quadrature values. The
omtput of this star produces 2 2400 baud baseband signal. Each output of the encoderis
over-sampled by 4 in order to ptoduce a signal #ith a sampliog rate of 95K} samples per
second, This signal is passed through a sguare root Nyyuist pulse shaping filer which
is 2 paised cosine fltar with a zoil off factor of 20%. This acton produces & bascbard
signal with 2 handwidth of 1700 Hz. A complex madulation takes place after filtering.
According to the CCITTV 29 recommendations, (he carmier frequency of a 9600 bats pet
second moden iz 1700 Hz [28]. Fig, 4 illustrates the spectnam of the baseband in-phase
signak after passing throwgh the Nyquist filter.
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Figure 4. Signal afer Myquist fitier (feeq. KHz)

As we indicated previeusly, the 20% roll off factor in the Nyquist fller produces a
lowpass filter with a band width of 1.7 KHz. Therefores, after medulaton we obfam a
passband signal with a band width of 34(K) Hz., Fig. 5 illustrates the specoum of the
passband signal.
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Figure 5, Complex signal after miodulaan {freq. Hz)

45 is sviden from Fig. 3, afer the additdon of the two in-phase and quadranmre nignals,
the coraplex baveband signal passes through a foggle star. This star shuts off te remoe

transmuteer during the local echo caneeller adapration process.

3.2, Local Transmitter

Fip, 6 illustatesthe iocal mansmitter galaxy. The description of this galaxy is very similar
(o the emoe-ransmiter palaxy. Theonly difference s in the parameterof the bzt star,
whick i the value of the seed in the randomn penerator and the absence of w top e s1ar
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Figure &, Block deagrgm of the local mansmider




1.3, Telephone Circult Channel

One of the requircments in high speed dats ransmissien 15 1he ability v ansmit sLgnals
in both directjons (full-duplex transmission) on a single pair of wires. This i5 possible
through the use of a four-wire 10 fwo-wire Comvener or “hybrid” If the balancing
impedance within the hybrid is identical 1o the inpul impedance of the cable, the
transmmitted signal is completely isolamed from the input ta the receiver. Howewer, a
petfect matsh is difficult 1o achieve, especially over the 4 KMz bandwidth. Therefore,
a *nvbrid leakage” or “echo” represenis a serious obstacle to lull- duplex ransmission .
1o this slmwation, for simplicicy, we have modeled the full-duplex vaiee band channel
us 2 one érectional channel. Fig, 7 illustrates this channel,
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Figure 7. Mode] for the tlephone circuil channel

The input wrminal(( of the above galaxy receivesthe signal from the remote franswunner
and passes it through a voice band channel. The input terminal{ 1}, on the other hand,
receives the sipnal from the local wansmirter and passes it through the echopaih galaxy
where the echo is preduced. These two signals, the echo and the signal, add together and
proceed toward the echo canceller. Fig. & lustrates the echopath galaxy,
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Fagure & Echo path model




The ccho is penerated by delaving the local transenitter signal and passing it through a
pain star which attenuares the signal. Both the ceho and the signal are passed through
the voice band channel, This veice band channel is modeled by an 1R filter with 2
handwidih of roughly 4 KHz and an analog (o digital converter with au-law compander.
Fig. 9 illusmates the voiceband galaxy in delail,

Figure %, Windel of the vmis tand channel

Fig. 10 1llustrates the frequency response of the voice band channal.
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Fipwre 10, Fregueniy respoase of the woice band channel (freq. KHe)

The group delay respunss of the voice band channe] implemented in this simulation is
plodted i Fig. 11, This plet satsfies the limit of the CCTTT M.10Z0 recommendations

| 28]

A5 shown from Fig. 9. the incoming signals are converted ime digital signaly and pass
through the J-law compressor and expander swurs. Frior to leaving the voice band
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Figure 11, Group delay respoace of the channel (freay. KHZ)

channel, they are converted back into analeg signals, These actions introduce quan Bza-
tion noise inte the system, This noise which is caused by the non-wniform quantizanon
wherne is a non-lingar distortion which could cavse a problem for the adaptive echo
vacceller [30]-

3.4. Locul Receiver

The last and the most complicated galaxy in dis simulaton is the local-recerve galaxy.
Wultiple levels of the hicrarchy are noticeable within this galaxy. Fig. 12 illusoates the
Block diagram of the local receiver.

1.4.1 Echa Canceller

The top left block in the local receiver galaxy is the echo cancelier which is called gdape-
fuiter galaxy. Thisis a 16 1ap passband echo canceller which uses the fast BLS adaprive
filtering algocitiom |2,3.32]. The mput rerminal{0) of ihe echo cangellar iz the echn path
of the adaptive flter and is conneccted o the cutput of the lgcal-transoic galaxy. Inpur
terminal( 1y receives the signal with the echa from the ouipuc of the wlephone circuil

channel.
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Fipre 12, Block disgram of the Iocal recei vae

In this palaxy is the predfyf star implements the muliichannle general order fast RIS
adaptive fillering algorithem of [3.], This star can implement bath the adaprive echo
canceller and the equalizer. Fig, 13 illustrates the block diagram of the echo canceller.
The predft star vses the aute fan-in and aute fan-out faclity in Capsim, Thus, it
aurnmarically adjusis itself to the various adaptve fileering eonfiguratons wherh require

muttiple inputs and putputs. & good example of a siarwith avto fan-inis dic aitd star which
can add rwo, three, or any number of input channels.
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Figume 13, Block disgram of the passtand eoho canceller

1.4.2 Complex Demodulation

After echo cancellution, the signal eaters a comples demodulation block. Fig. 14
Ulustrates the demadv?¥ galaxy.
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Figure 14. Block diagram of the compiex demodilaine

The incoming real signal splits into two in order 1o demedulate the in-phase and the
ouadrature components. The resulting pas shand signals are demodalated by mixngihen
with the 1700 Hz carder. Lowpass matched filters are then employed 10 remaove Lthe
doubrle carrier compunent 2nd Lo priduce complex bascbund samples, This marched Oller
is the sgyuare rootof the Nyguist filter. Since the signals are band limited a1 this stage, we
can decimare them by a Factor of four, This is accomplished using the demut sur.
Thersfore, the sampling i is reduced fom 2600 Hz ta 2400 Hz Aswe notice from the
above gakaxy, we have applied an eye diagram probe between the Myquist filter and the
desto starin order o ohserve the cye pattern of the signal befors equalization.  The eye
diagram of the signal after echo cancellation 15 shown in Fig. 15.

4, &l - -
1.3 B g
-l.v» L -
T - eI T S P il
e e o e YW T
Pt i x g = e a, i e e
Dokt | e "‘""-r':"dhﬁﬂ. T, v
ot e = i -"'-i_,p_:hqb-.-'!!".-"—.
i __—:-.:‘:1!. T e |
LW 1 L 1

= it ) -0, 4% 0,1 o, L

Figwe 15, Eye disgram afier echo cancellation (baud inlereeals)
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We also applied a scaner star after  demodulation in order 1o observe 1he signal
constellation before entering the cqualizer gataxy. Fig. 16 shows the signal constellatton

writhowt equalizanon.
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Fagwre 16. Signal constelaion without equalizer

It is clear from the plot that the signals are widely scattered on the plot due o Inter-
Symbol Inerference (ST caused by the passband channe] and in pamcular the phase
distoction of the DR filter in the telephone circoit palaxy, This problem will be solvel
when we inooduce the adaptive equalizer.

1.4.3 Adaptive Equalization
Fig_ 17 dlustrutes the topology of the adaprive equatizer, The inpet r=rminals( &l

receive the data from the curput of the scater star (Fig, 12). The scatter siar bypasses the
incoming signals through the stae withoul any changes.
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Figure 17, Hkok diagram of the adaplive agqualizer




We have implementzd a multi-channel fractionally spaced adaptive equalizer with
Accision feedback  using the fast RLS  adapuve fileering al gorthm [32].  Input
serrainalsth& 13 m Fig. 16, avt the training sequence of the ardaptive equalizer, 4nd oultpul
terrinal s{0& 1 camy the cgualized baseband complex signals. The decisions arc mrade
in the decision galaxy called decisiony2¥ which i shown in Fig. 18

The outple terminals{(i 1) are the decision fesdhack wamples for the adapeive cqualizer.
The decisions are toggled between the slicers and the trrining symbols. The franing
s1pnal are shown coming from the outpurs of the remote mansmiteer, Fig. 3. These are
normally provided by the eeceiver. They ars input from the inpat terminals(08 1) m the
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Figoe 16 Block diagram af the decigionvid galaxy

abuve diagram. A debdy sar is applied in this galaxy in order to compensate the delay
of signals coming from the remois ransmitter to the local receiver. This delay value 15
proporional to the number of waps used n both the adaptive echo canceller and 1he
cqualizer, Tn our case, we applied a 19 symbals delay in the delay star in order for the
cqualizer to make the correct decisions. Tn this simulatien, while the echo canceller 18
adaptitg, the equalizer is wrned off. Thercfore, we have applicd 2 200 samples wail for
the cqualizer in order for the echoeanceller o finish adapting tothe echo path. We have
also applicd a scatter star after equalization in order to obsarve the signal constedlalion
afwer cqualization. Fig, 19 illustrates the performance of the equalizer.

We must noe that the equilizer using the LMS algorithm could not convergs with
realisiic telephens channels, Cmly for simple low pass channels did the LS algenthm

1>
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Fygare 19, Signal constellacon after squalization

converge. The reason for this is in the formulatien of the LM3 adaptive filicr. This
alporithmn doees not effectively use all of the information in its Input $hannels 10 estimate
the desired tespemse. The general arder multchannel algorithm on the other hand i
derived from a vector space formulation and no approximations are made, See reference
[30].

3.4.d v29 Decoder

The last galaxy of the local-receive galaxy is the V.29 decoder. This galuey recelves the
voordinates of the signal vonstellation coming out of the decisionva ¥ galaxy and applics
the minimum distance detsction technique in order wo decode the tneoming signal. Fig,
20) illustrated the decode galaxy.

A5 we have mentioned previously, output krminal(3) of the remote-cransmin galaxy
outpurs the same bil pattern generated by the Bdarz siar to the input tetminabil) of the
decide galaxy forerror counting. This means thut, by usin g the ecoa? starwe i cOMpare
the decoded output with the original bits generatad by the random generaror.  Afrer
runhing the simulation, the &rror counter types the bit error rate {EER }on the compurer
sereen. This value was equal to 1.4x10%
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Figare 2. Block dizgram of the decode galay
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4. Performanie Comparisen between the LMS and the ELS Algorithms
4.1. Double Precision [mplementaticn

The last part of this secdon is the comparison of the pwe adaptive filteriag 40 potithms in
echo cancelluion. These two atgorithnns, as mentioned previously, are the fast RLS
alporithm (FTFY. and the LMS algorithm. Referringothe Fig, 13, we have subsh uted
the predff star with the predims star in order 1 compare the perdformance of the twa
adaptive filtering algorithms. In both cases, we have set the ceho canceller [o adapt for
20K} samples. As was mentoned previously, while the echo caneelier is adapting, the
remote mansmiter is off. Therefars, Forthe firsr 200 samples, the remote Cansmither 15
not sending any information. 'We obtained the plot of the first 3000 samples in order to
compare the convergence tme and alsg the performance of the twio 2daprive bilteriog
algorithms. Fig. 21 illustrates e convergence nme of the achocancelier using the LMS
algomithit

ER

b - N 1 1 1 |
L .8 [ 1.0, ] LF.-- - i .00 24000 pr ]

Figure 21, Convergence ume of the LMS olgorithm using poedfif star (samples)

The fiest 2000 samples of this plot illustrates the convergence Sme of the LMS algorithm.
We mentioned earlier 1hat the non-lincarity of the channel caused by the non-oniform
quantizer could canse problems for the scho canceller. This excess noise 15 very evident
Forthe LMS algotithm; on the other hand, the RLS slgorithen has much fess cxcess nolse.
Tig. 22 ilfustrates the convergence ime and the performance of the RLS adaptive filtering
algorithm.

14
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Figure 21, Convergence Ume of the RLE algorithm using predltfisamples)

By comparing the Fig. 21 and 22, we noiice that the convergence fime of the RLS
algorithm is much fuster tan the LMS algoritam. In factit is on the order of the number
of 1aps of the echo canceller,  Also, the excess poise due 1o the ccho canceller is larger
forthe LMS algorithm. Fig. 23 shows the grouped plocof the Fig, 21 and 22, The dashed
curve is the LME lporithm.
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Figure 23, Group plat of the convergenee Tme
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Beter performance can be achicved aftersc replaced the predftf stat which implements
the 7N FTE algotithm, by the order 10N b _fif star. This algorithim Tequices & greawer
nuraber of compuadons but has better stability. This 10N version of the FTF algorithm
uses error feedback technigues 120 w inprove numerical stability. The prediction ereor
using this new star, db! fif.is shownin Fig, 24. By adjusting the innializadon pantenetar
in dbl_fif we are able to ge1 very low exXccss erTor

=L.g0 |

=3 ek L 1 L 1
. 7= LW, i 1P, M By, 0

Figure 24, Convergence time of the RLE alganitir using dbl AL star (3am pilesh

For p-law companding the quantization noise increascs as the inpu level incTeases,
but the signal te noise ratio renains constant, In adaptive filtering, iis normally assurned
thit the noise is stafionary and white, However, in this case the noise vanance changes
with the degired response level due to companding, For the ¢cho canceller, we vbzerve
in Fig. 24 that the ccho eesidual has a wavy shape. This shape actually follows the
envelope of the echo signal which isdue to the fact that the quumization levelischanping.
These non-lincar cffects can severcly degrade the performances of adaptive filters and thus

overall system performance.

Previousty, inFig 19, we ilusmated the signai consiellaion of the sysem using the RLE
algorithm for the echo cancefler. In Fig. 25, we illustrate the signal constellanon of the
sysiem using the LMS adaptive filtering algorthm for echo caneellaton. 1t is ohviows
that the constellation of the Fig, 19 i3 clearer than the one in Fig, 25 which means the
ewcess error for the RLS algorithm is lower than the LMS algorithm,

16
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Tigure 25 Sipmal cotvatcllaion uwsing tw LS echo canceler

4.2. Fixed Point Implementation

To study the effects of using finite-precision on the performance of the alperithms, we
have implemented the fixed point versions of the FTF and the LMS alporithms.  Ltuses
difterent prder of computatinns: TH, 5 and 9N improve numerical stabaliny [20[. Both
algorithms use 16 bit registers with 32 bin accwmulanon.

We have in Figures 26 and 27 the convergence charactenstics of the 1we algonthms
where we have used A bits for representing the Mractional part of the atgorithmic quantitigs
and for the guantization of the data, Comparing the rwo figures with the previous ones,
Figures 21 and 22, where double precision was used, itisclear tharwsing finite prescision
enhances the excess error. But again the effact of ustng finite precision manifests isel!
e in the ease of the LMS alporithm. Using the fixed point LMS star for ccho caneel-
lativm resulted in 8 lrwer SR atdetection thas the fixed point FTF siar, and the bicerror
rare wis higher for the LMS. This can also be seen by companing the signal con stellationy
of the two algorithms in Figures 28 and 2% Using the fixed poim LMS star for echi
cancellaion resuleed in & lower SNR a1 detecrion than the fixed point FTt star, and the
bi1 error rate was higher for the LMS. This can also be seen by comparing the signal
constellations of the owo algorithms in Figares 28 and 29, We decreased the number of
hits used for the fractions in the fixed point FTF 10 7 and then o & bits, This prevenred
the pverflow, and is a8 less expensive implementation. But the SNE mato at detecion
decreased and the bit ermor rate increased because of the larger quantization errers. This

1T



clearly indicates o trade-off in the choice of the regster lengihs and the number of hits

for fraction. The signal constellation for the fixed poim FTF with & bits for the fracticn

15 piven im Fig. 36
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Figure 26, Convergense Gme using fixed poml FTF for the echo canceliicd, B bies Faclcn
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5. Conelusion

The performance of the FTF algorithm is evaluared wsing a dewiled block diagram
simulation of a full-duplex 950K bps voiceband modemy. All major components of the
sysiem were modelled and simulated including accurae models for realistic channels
[p-faw quandzation noise and amplimde and phase diswortion). In this application, the
atfuptive Felrer iz used both for adaptve enmplex decision feedback cqualization and
eche cancelladon. The performance of the FTE  algorithm is comparsd with the
cunvernional normalized LMS algorithen Bor both 1he floating peint and the fixed pont
impiementations. 1t is foend that while the LMS algocithm failed to perform in typizal
and worst case channeds, the multi<haonel general order FTIE algogithm perfomed
flawlessly and effectively removed chanpel distocoon and interterence.
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