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ABSTRACT

The testing part of the voice band correspondence channel, i.e., the up-stream heading associating a simple
supporter of the advanced organization. The major wellspring of bending on the up-stream channel is quantization
mistake brought about by simple to-advanced transformation proceeded as a component of the encoding to PulseCode Modulation (PCM) measure. A band pass channel before the PCM encoder confines the transmission capacity
while the examining pace of the PCM encoder is foreordained by the organization. Motioning within the sight of
such requirements lead to hypothetical issues just as useful worries in modem plan. Correspondence models that
portray PCM voice band channels are created. We explore adjustment plan and related issues including file
planning, group of stars plan and heavenly body likelihood task to coordinate the pre-decided structure of the
identifier at the recipient, i.e., the PCM encoder at the focal office. We build up a system for transmitter structures
that can keep away from or diminish Inter-Symbol Obstruction (ISI) at the recipient to avoid the restricted
transmission capacity of the up-stream channels and the repaired examining pace of the stream channel. Strategies
utilized incorporate straight sifting, phantom forming and precoding to lessen the ISI, while restricting the normal
sent sign force. A filter bank structure for pre-leveling channels with phantom nulls is additionally depicted. Another
strategy for beat forming configuration is proposed. The new heartbeat molding channels give a viable plan that can
be utilized for the up-stream PCM channel just as to the course of the up-stream and the down-stream channels.
Keyword : - Encoder1, Band Pass2, Transmission3, and Modulation4.
1. OVERVIEW
As a model for channel weakness, an added substance arbitrary part was utilized to speak to the joined impact of
commotion and remaining ISI at the beneficiary. Because of the absence of control on the recipient front-end plan in
the up-stream PCM channel, the channel impedances must be made up for at the transmitter. Despite the fact that the
transmitter has no effect on the added substance commotion presented by the channel, a legitimate transmitter
configuration can wipe out or decrease the impact of ISI presented by the channel memory. Since the attributes of a
supporter circle and a recipient channel don't change quickly, we consider a straight time-invariant model for the
PCM channel. We additionally expect that a same channel model for the general channel and recipient channels is
assessed at the collector and is taken care of back to the transmitter1. A clear answer for channel pay is a direct
channel structure executed at the transmitter. Such a transmitter channel can be determined dependent on various
advancement measures. With a limitation on sent force, a sending channel may not give sufficient ISI decrease.
Specifically, for channels with ISI, there is a compromise between the normal sent force and ISI pay. We present
range molding methods alongside the transmitter channel to control the sent force.
1.1Optimal transmitter filter design
The plan of an ideal sending channel for a fixed getting channel and a given channel has been concentrated in [30,
32, 44, 45]. There are a few improvement models, for example, least likelihood of blunder, least mean-square
mistake and least pinnacle bending blunder, that can be utilized for the ideal transmitter channel plan [30, p. 113].
The plan of an ideal sending channel is dependent upon a communicate power limitation to keep away from an
answer with an unbounded normal force.
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1.2 Mean-Square Error (MSE) criterion
An ordinarily utilized model for an ideal direct channel configuration is mean-square mistake. Agreeing to this rule,
channel coefficients are resolved so the mean-square estimation of the mistake at inspecting moments is limited.
When all is said in done, the mean-square estimation of blunder has two parts, one is brought about by added
substance clamor and the other is brought about by the ISI. Note that the ideal transmitter channel configuration can
just limit the mistake brought about by the ISI. Accordingly, in our calculation of ideal transmitter channel, the
commitment of the added substance commotion in MSE is excluded
1.3Optimal transmitting filter design for the up-stream PCM channels
The ideal channel plan to the PCM up-stream channels to make up for the separating impact of the supporter line
and the counter associating channel in the PCM line card. Instances of commonplace identical channel-collector
channel are given. To assess framework execution, we process the MSE at the inspecting moments (hypothetically
and furthermore by recreation). We additionally use the image blunder pace of the PAM adjustment over the upstream channel as a proportion of execution. The attributes of phone channels shift from line to line. Two instances
of PCM channel channels are thought of. In the two cases, the PCM hostile to associating channels fulfill
Recommendation G.712 [25].Since the ISI doesn't have a similar impact on the likelihood of mistake as added
substance clamor, limiting the MSE doesn't really prompt the base likelihood of blunder. By utilizing the MSE
model for the transmitter channel plan, we treat the blend of commotion and leftover ISI as an added substance
irregular variable, and overlook the data that we could get from the ISI with respect to the sent information
grouping. In any case, because of the fixed structure of the recipient front-end in the up-stream PCM channel, the
data on sent information can't be separated from the ISI. Moreover, the MSE model gives a basic method to
consolidate the impact of commotion and ISI with a direct answer for the ideal channel plan. Two models examined
above show that an ideal transmitter channel can lessen the impact of the ISI. In any case, there is a compromise
between the leftover ISI and the sent sign power. For some channel attributes, the required sent capacity to get an
adequate presentation is essentially huge. The principle reason for such a necessity for the sign force is phantom
nulls in the equal channel attributes. Aside from the normal sent force, phantom nulls in the recurrence reaction of
the equal channel cause a more slow rot in the drive reaction of the communicating channel. The part of
communicating channel that relate to the phantom nulls must be executed as an IIR channel.

2.METHODS OF SPECTRUM SHAPING
The data symbol sequence at the input of the transmitter filter has a flat spectrum. Spectrum shaping can be defined
as adding a form of redundancy to the input sequence to create a desired statistical correlation among the symbols.
There are a variety of methods of creating such a correlation. Line codes are typical examples of spectrum shaping
that control the “running digital sum” to create spectral nulls at DC and can be extended to create spectral nulls at
non-zero frequencies [38, Chapter 12]. There are also trellis coding techniques that can create spectral nulls in the
spectrum at desired frequencies [55]. Partial response signalling [56] [38] is an alternative method of spectrum
shaping via inverse filtering and a modulo arithmetic operation. Due to predetermined structure of the receiver, these
spectrum shaping techniques are not directly applicable to the up-stream PCM channel. The spectral shaping method
used in the V.90 Standard for the down-stream PCM channel is based on Convolutional Spectral Shaping (CSS)
[14]. The CSS algorithm controls the sign bits of the transmitted symbols. The sign bits are selected on a frame by
frame basis. Each frame contains six symbols. In each frame, the sign bits are selected based on r bits of redundancy
(0 ≤ r ≤ 3) and 6 − r bits of information. The sign bit sequence is selected so that the mean square error between the
signal PSD and a desired spectrum is minimized. Convolutional spectrum shaping is designed for the down-stream
PCM channel where the transmitter can only determine the transmitted bits. The actual PAM modulation is
performed by the PCM decoder at the central office. In [18], the application of convolutional spectrum shaping in
the up-stream PCM channel is investigated. Although the results provided in [18] show the merits of applying
spectrum shaping for the up-stream channel, the use of CSS is not necessarily the best choice of spectrum shaping
method for the up-stream PCM channel. In the up-stream PCM channel, the analog modem controls the transmitted
signal. Compared to the down-stream PCM channel, the control on the transmitted signal in the up-stream channel
can reduce the amount of redundancy required for spectrum shaping.

3.SPECTRUM SHAPING BY INSERTING REDUNDANT SYMBOLS
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We can perform spectrum shaping by adding redundant symbols to the input sequence. The input symbols are
parsed into non-overlapping blocks of K symbols. Although the redundant symbols can be inserted at different
locations among the data symbols, we consider a set of N −K symbols that is added to the end of each block. Values
of redundant symbols are computed so that the power spectrum density of each block is close to the target spectrum.
As shown in Fig. 4.15, the operator F(k, n) takes in a block of K data symbols and computes the redundant N −K
symbols. Note that the redundant symbols are not necessarily taken from the PAM symbol alphabet. As we will
discuss below, the redundant symbols do not carry any information; they are only added to create the desired
spectrum shaping.
3.1 Tomlinson-Harashima Precoding
Tomlinson [50] and Harashima/Miyakawa [59] imagined autonomously a channel pay method known as precoding.
Fundamentally, a precoder makes up for ISI at the transmitter. By performing channel balance at the transmitter, two
known issues of collector equalizers can be kept away from: commotion upgrade, as in a direct equalizer, and
mistake spread, as in a choice input equalizer [38]. Clear pre-separating of channels has issues of its own; it builds
the send signal force, particularly for channels with otherworldly nulls. Tomlinson-Harashima Precoding (
THprecoding) gives an answer for channel remuneration while keeping up the sent sign level in a preset interval8.
TH-precoding sums up the possibility of precoding utilized in fractional reaction flagging. In a fractional reaction
flagging, precoding is utilized to make up for the controlled ISI that is presented by the transmitter. In fractional
reaction flagging, the specific model of presented ISI is known at the transmitter. In different applications where the
ISI is presented by channel, a precoding can be applied if the separating impact of the channel is known at the
transmitter.

3.2 Precoding design for the up-stream PCM channels:
The TH-precoding technique is not directly applicable to the up-stream PCM channels. The restrictions imposed by
the PCM channel on the precoder design are as follows:
1. The up-stream PCM channel has a pre-determined receiver front end. The maximum number of constellation
points at the receiver is limited by the number of ADC decision levels.
The actual number of useful signal levels is smaller than the number of ADC levels in order to create enough margin
against the channel signal distortions (additive noise, echo, etc.).
As a result, a constellation expansion by a TH-precoder will reduce the PAM constellation size and the data
transmission rate over the channel.
2. As we discussed in Section 4.2, the equivalent channel filter is typically a non-minimum phase filter.
3. In general, the estimate of a channel filter transfer function is a rational function11. The
TH-precoder only compensates for an FIR channel filter.
4. In Chapter 2, we discussed the PAM constellation design for the up-stream PCM channel. The constellation
points are determined based on a subset of the ADC decision boundaries in the PCM encoder. Due to the µ-Law (or
A-Law) companding used in the PCM encoder,

Figure1: A precoding followed by linear filter at the transmitter.
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To make up for a non-least stage channel, we think about a straight channel fell with the precoder. Figure 4.23
shows the course structure of a precoder and a straight channel at the transmitter. The straight transmitter channel is
utilized to make up for the posts of the channel just as for the zeros that are not in the region of the unit circle. The
same motivation reaction of the transmitter channel, the channel and the collector channel is signified as h[n]. The
precoder is intended to make up for a channel with the drive reaction h[n]. We research an elective technique for
pre-sifting to oblige non-uniform dividing between the PAM heavenly body focuses by embeddings redundancies as
additional images rather than additional sign levels

Figure 2: A block-by-block process combines spectrum shaping and channel inverse filtering.
In this section, we consider a block-by-block data transmission to allow for redundancy insertion between data
symbols. In the present approach, we combine the spectrum shaping described in Section 4.3.2 with a linear channel
inverse filter. Figure 2 shows the cascade of spectrum shaping and the channel inverse filter. The equivalent channel
impulse response and transfer function are denoted as h[n] and H(z) respectively. The impulse response h[n] is
causal and monic. The causal inverse filter 1/H(z) is realized as a direct form all-pole filter. The spectrum shaping is
performed by a linear time-varying operator F(k, n), as introduced. For a given channel impulse response and a fixed
transmitted power, we can compare the effective bitrate that can be obtained by a TH-precoder and a block-by-block
pre-filter. In many cases the result is in the favor of the TH-precoder, especially if the channel filter includes
repetitive zeros (e.g., H(z)=1−z−2). This observation suggests that having redundant signal levels can be more
effective than adding redundant symbols. However, as we discussed, a TH-precoder is not directly applicable to a
PCM up-stream channel since the spacing between the constellation points are not uniform in general. It is important
to note that the modulo arithmetic is only one way to create redundant signal levels. Other methods of creating
redundant levels is a subject for our future studies

4. CONCLUSION
We have proposed techniques to add repetition to the communicated information. The excess is added with the goal
that the force range thickness of the sent images at the contribution of the transmitter channel intently follows an
ideal forming capacity. We have additionally distinguished three unique answers for the ideal forming capacity as
far as the channel recurrence reaction. Unearthly molding is utilized to control the normal sign force by fittingly
conveying the sign force thickness at various frequencies. We have additionally proposed precoding strategies to
consolidate ghastly forming and separating. As an elective technique for adding excess to the communicated signal,
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we have considered non-maximally devastated filter banks. A pre-equalizer configuration dependent on the nonmaximally annihilated filter banks can be utilized to make up for channels. The channel can be no minimum stage
and its recurrence reaction can contain unique nulls. Adding excess utilizing pre-separating or non-maximally
destroyed filter bank is a successful method to stay away from or diminish ISI. For a normal up-stream PCM
channel, the necessary pace of repetition is 1-2 images in a square of 8 communicated images. By utilizing a
baseband PAM adjustment plot, an ideal star grouping plan, a suitable piece to-image planning, and the square byblock pre-sifting the most extreme attainable rate over the up-stream PCM channel can be expanded to 49 kbits/sec
which is half higher than that given by proposal V.90 in the up-stream heading. A large number of the proposed
techniques can be utilized as a component of the Recommendation V.92 to improve the exhibition and increment the
greatest piece pace of the up-stream PCM channel.

5.REFERENCES
[1] K. Pahlavan and J. L. Holsinger, “Voiceband data communication modems – a historical review 1919–1988,”
IEEE Commun. Mag., vol. 26, pp. 16–27, Jan. 1988.
[2] ITU-T Recommendation V.34, “A Modem Operating at Data Signalling Rates of Up to 28,800 bit/s for Use on
the General Switched Telephone Network and on Leased Point-toPoint 2-Wire Telephone-Type Circuits,” ITU-T V
Series Recommendations, 1994.
[3] G. D. Forney, L. Brown, M. V. Eyuboglu, and J. L. Moran III, “The V.34 high-speed modem standard,” IEEE
Commun. Mag., vol. 34, pp. 28–33, Dec. 1996.
[4] I. Kalet, J. E. Mazo, and B. R. Saltzberg, “The capacity of PCM voiceband channels,” Proc. IEEE Int. Conf.
Commun., pp. 507–511, 1993.
[5] E. Ayanoglu, N. R. Dagdeviren, G. D. Golden, and J. E. Mazo, “An equalizer design technique for the PCM
modem: A new modem for the digital public switched network,” IEEE Trans. Commun., vol. 46, pp. 763–774, June
1998.
[6] H. Herzberg and B. R. Saltzberg, “Coding for a channel with quantization in the presence of an estimable
interference,” IEEE Trans. Commun., vol. 45, pp. 45–51, Jan. 1997.
[7] E. Ayanoglu, N. R. Dagdeviren, J. E. Mazo, and B. R. Saltzberg, “A high-speed modem synchronized to a
remote codec,” United States Patent, no. 5 394 437, Feb. 1995.
[8] E. Ayanoglu, G. D. Golden, R. K. Jones, and J. E. M. D. G. Shaw, “High speed quantizationlevel-sampling
modem with equalization arrangement,” United States Patent, no. 5 528 625, June 1996.
[9] N. R. Dagdeviren, “Modem with received signals and transmitted signals comprising signal sets,” United States
Patent, no. 540 6 583, Apr. 1995.
[10] H. Herzberg and B. R. Saltzberg, “Communication arrangement with improved echo and noise suppression in a
channel containing quantization,” United States Patent, no. 571 0 790, Jan. 1998.
[11] B. Townshend, “High speed communications system for analog subscriber connections,” United States Patent,
no. 580 1 695, Sept. 1998.
12] P. A. Humblet and M. G. Troulis, “The information driveway,” IEEE Communications Magazine, vol. 34, pp.
64–68, Dec. 1996.

13341

www.ijariie.com

1163

Vol-4 Issue-1 2018

IJARIIE-ISSN(O)-2395-4396

[13] ITU-T Recommendation V.90, “A digital modem and analogue modem pair for use on the public switched
telephone network (PSTN) at data signalling rates of up to 56 000 bit/s downstream and up to 33 600 bits upstream,”
ITU-T V Series Recommendations, 1998.
[14] D. Kim and V. Eyuboglu, “Convolutional spectral shaping,” IEEE Commun. Lett., vol. 3, pp. 9–11, Jan. 1999.
[15] B. Barazesh, “PCM upstream considerations for the US Interim Standard,” Telecommunication Industry
Association (TIA), Technical Committee TR-30 Meetings, January 1997.
[16] N. Dagdeviren, “Estimated Coverage with PCM Upstream,” Telecommunication Industry Association (TIA),
Technical Committee TR-30 Meetings, January 1997.
[17] V. Eyuboglu, “Upstream transmission in PCM modems,” Telecommunication Industry Association (TIA),
PCM Modem Ad-Hoc Group Contribution, January 1997.
[18] N. Warke and M. Ali, “On the next generation of high-speed voiceband modems,” Proc. IEEE Int. Conf.
Commun., pp. 256–260, 1999.
[19] W. D. Reeve, Subscriber Loop Signaling and Transmission Handbook, Analog. IEEE Press, New York, NY,
1992.
[20] W. D. Reeve, Subscriber Loop Signaling and Transmission Handbook, Digital. IEEE Press, New York, NY,
1995.
[21] T. Starr, J. M. Cioffi, and P. Silverman, Understanding Digital Subscriber Line Technology. Prentice-Hall,
Upper Saddle River, NJ, 1999.
[22] Members of Technical Staff, Transmission Systems for Communications. Bell Telephone Laboratories, New
York, NY, Fifth ed., 1982.
[23] S. Ramo, J. R. Whinnery, and T. Van Duzer, Fields and Waves in Communication Electronics. Wiley, New
York, NY, Second ed., 1984.
[24] ITU-T Recommendation V.56bis, “Network transmission model for evaluating modem performance over 2wire voice grade connect,” ITU-T V Series Recommendations, August 1995.
[25] Recommendation G.712, “Transmission performance characteristics of Pulse Code Modulation channels,” ITUT G series Recommendations, November 1996.
[26] A. V. Oppenheim and R. W. Schafer, Discrete-Time Signal Processing. Prentice-Hall, Englewood Cliffs, NJ,
2nd ed., 1998.
[27] Recommendation G.711, “Pulse code modulation (PCM) of voice frequencies,” ITU-T G Series
Recommendations, 1988.
[28] J. E. Mazo, “Quantization noise and data transmission,” The Bell System Technical Journal, vol. 47, pp. 1737–
1753, Oct. 1968.
[29] C. E. Shannon, “A mathematical theory of communication,” Bell System Technical Journal, vol. 61, pp. 379–
423 and 623–656, July and Oct. 1948.
[30] R. Lucky, J. Salz, and E. Weldon, Principles of Data Communication. McGrow-Hill, Book Company, New
York, NY, 1968.

13341

www.ijariie.com

1164

Vol-4 Issue-1 2018

IJARIIE-ISSN(O)-2395-4396

[31] N. Warke and M. Ali, “Optimum CODEC companding for high-speed PCM data transmission in telephoe
networks.,” IEEE Int. Conf. on Acoustics, Speech, Signal Processing, pp. 2679– 2682, March 1999.
[32] J. G. Proakis, Digital Communications. McGraw-Hill, New York, NY, third ed., 1995.
[33] N. Farvardin, “A study of vector quantization for noisy channels,” IEEE Trans. Inform. Theory, vol. 36, pp.
799–809, July 1990.
[34] K. Zeger and A. Gersho, “Pseudo-Gray coding,” IEEE Trans. Commun., vol. 38, pp. 2147– 2158, Dec. 1990.
[35] P. Knagenhjelm and E. Agrell, “The Hadamard transform – a tool for index assignment,” IEEE Trans. Inform.
Theory, vol. 42, pp. 1139–1151, July 1996.
[36] P. Knagenhjelm, “How good is your index assignment?,” IEEE Int. Conf. on Acoustics, Speech, Signal
Processing, pp. 423–426, vol. II, Apr. 1993.
[37] T. M. Cover and J. A. Thomas, Elements of Information Theory. Wiley, New York, NY, 1991.
[38] E. A. Lee and D. G. Messerschmitt, Digital Communication. Kluwer Academic Publishers, Boston, MA, 1994.
[39] F. R. Kschischang and S. Pasupathy, “Optimal nonuniform signaling for gaussian channels,” IEEE Trans.
Inform. Theory, vol. 39, pp. 913–929, May 1993.
[40] G. Ungerboeck, “Channel coding with multilevel/phase signals,” IEEE Trans. Inform. Theory, vol. 28, pp. 55–
67, Jan. 1982.
[41] R. D. Gitlin, J. F. Hayes, and S. B. Weinstein, Data Communications Principles. Plenum Press, New York, NY,
1992.
[42] R. E. Blahut, Digital Transmission of Information. Addison-Wesley, Reading, MA, 1990.
[43] N. S. Alagha and P. Kabal, “Linear time varying precoder applied to ISI channel,” IEEE Pacific Rim Conf.
Commun., Computers and Sig. Processing, pp. 36–39, Aug. 1997.
[44] D. W. Tufts, “Nyquist’s problem–The joint optimization of transmitter signal and receiver in pulse amplitude
modulation,” Proc. IEEE, vol. 53, pp. 248–259, Mar. 1965.
[45]
J. W. Smith, “The joint optimization of transmitted signal and receiving ﬁlter for data transmission
systems,” Bell System Technical Journal, vol. 44, pp. 2363–2392, Dec. 1965.
[46]
T. Ericson, “Structure of optimum receiving ﬁlters in data transmission systems,” IEEE Trans. Inform.
Theory, vol. 17, pp. 352–353, May 1971.
[47]
T. Ericson, “Optimum PAM ﬁlters are always band limited,” IEEE Trans. Inform. Theory, vol. 19, pp.
570–573, July 1973.
[48]
J. G. Proakis and D. G. Manolakis, Digital Signal Processing. Prentice-Hall, Englewood Cliﬀs, NJ, Third
ed., 1996.
[49]

W. Gardner, Introduction to Random Processes. McGraw-Hill, New York, NY, Second ed., 1989.

[50]
M. Tomlinson, “New automatic equaliser employing modulo arithmetic,” Electron. Lett., vol. 7, pp. 138–
139, Mar. 1971.

13341

www.ijariie.com

1165

Vol-4 Issue-1 2018

IJARIIE-ISSN(O)-2395-4396

[51]
H. Harashima and H. Miaykawa, “Matched–transmission technique for channels with inter- symbol
interference,” IEEE Trans. Commun., vol. 20, pp. 774–780, Aug. 1972.
[52]
B. R. Saltzberg, “Intersymbol interference error bounds with application to ideal bandlimited signaling,”
IEEE Trans. Inform. Theory, vol. 14, pp. 563–568, July 1968.
[53]
K. Yao and R. M. Tobin, “Moment space upper and lower bounds for digital systems with intersymbol
interference,” IEEE Trans. Inform. Theory, vol. 22, pp. 65–74, Jan. 1976.
[54]
F. E. Glave, “An upper bound on the probability of error due to intersymbol interference for correlated
digital signals,” IEEE Trans. Inform. Theory, vol. 18, pp. 356–263, May 1972.
[55]

A. Calderbank, T. Lee, and J. E. Mazo, “Baseband trellis codes with spectral null at zero,”

IEEE J. Selected Areas Communications, vol. 34, pp. 425–434, May 1988.
[56]
P. Kabal and S. Pasupathy, “Partial–response signaling,” IEEE Trans. Commun., vol. 23, pp. 921–934,
Sept. 1975.
[57]
F. A. Graybill, Matrices with Applications in Statistics. Wadsworth International Group, Belmont,
California, Second ed., 1983.
[58]

G. H. Golub and C. F. Van Loan, Matrix Computations. John Hopkins University Press, Baltimore, 1996.

[59]
H. Harashima and H. Miyakawa, “Matched–transmission technique for channels with inter- symbol
interference,” IEEE Trans. Commun., vol. 20, pp. 774–780, Aug. 1972.
[60]
J. E. Mazo and J. Salz, “On the transmitted power in generalized partial response,” IEEE Trans. Commun.,
vol. 24, pp. 348–352, Mar. 1976.
[61]
1965.

J. M. Wozencraft and I. M. Jacobs, Principles of Communication Engineering. Wiley, New York, NY,

[62]
J. L. Yen, “On the non–uniform sampling of bandwidth–limited signals,” IRE transactions on Circuit
Theory, vol. CT-3, pp. 251–257, Dec. 1956.
[63]

P. Vaidyanathan, Multirate Systems and Filter banks. Prentice-Hall, Englewood Cliﬀs, NJ, 1993.

[64]
T. Li and Z. Ding, “Joint transmitter-receiver optimization for partial response channels based on
nonmaximally decimated ﬁlterbank precoding technique,” IEEE Trans. Commun., vol. 47, pp. 2407–2414, Sept.
1999.
[65]
A. Wang and J. Smith, “On fast FIR ﬁlters implemented as tail-canceling IIR ﬁlters,” IEEE Trans. Signal
Processing, vol. 45, pp. 1415–1427, June 1997.
[66]
N. S. Alagha and P. Kabal, “Generalized raised-cosine ﬁlters,” IEEE Trans. Commun., vol. 45, pp.
989–997, July 1999.
[67]
N. S. Alagha and P. Kabal, “A family of Nyquist ﬁlters based on generalized raised-cosine spectra,” Proc.
19th Biennial Symp. Commun., pp. 131–135, July 1998.
[68]
X.-G. Xia, “A family of pulse-shaping ﬁlters with ISI-free matched and unmatched ﬁlter properties,” IEEE
Trans. Commun., vol. 45, pp. 1157–1158, Oct. 1997.

13341

www.ijariie.com

1166

Vol-4 Issue-1 2018

IJARIIE-ISSN(O)-2395-4396

[69]
R. A. Gibby and J. W. Smith, “Some extensions of Nyquist’s telegraph transmission theory,” vol. 44, pp.
1487–1510, Sept. 1965.
[70]

J. A. C. Bingham, The Theory and Practice of Modem Design. Wiley, New York, NY, 1988.

[71]
P. Kabal and E. Dubois, “Interpolating and Nyquist ﬁlters with constraints at certain fre- quencies,” Signal
Processing, vol. 24, pp. 117–126, Aug. 1991.
[72]
R. P. Ramachandran and P. Kabal, “Minimax design of factorable Nyquist ﬁlters for data transmission
systems,” Signal Processing, vol. 18, pp. 327–339, Nov. 1989.
[73]
C. J. Zarowski, “Orthogonal wavelet packet functions and Nyquist pulses,” Proc. 19th Bien- nial Symp.
Commun., pp. 136–139, June 1998.
[74]

Jos´e A. de la O, “On the use of amplitude shaping pulses as windows for harmonic analysis,”

IMTC, pp. 1388–1393, 2000.
[75]
C. Tan and N. Beaulieu, “An investigation of transmission properties of Xia Pulses,” Proc. IEEE Int. Conf.
Commun., 1999.
[76]
N. S. Alagha and P. Kabal, “A ﬁlterbank structure for voice-band PCM channel pre- equalization,” IEEE
Int. Conf. on Acoustics, Speech, Signal Processing, pp. 2793–2796, June 2000.
[77]

13341

S. Haykin, Adaptive Filter Theory. Prentice-Hall, Englewood Cliﬀs, NJ, 3 ed., 1996.

www.ijariie.com

1167

