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Comparison of Analog and Digital Transmissions for Multichannel Voice

J. Neil Birch
Office of the Secretary of Defense

Very often the statement is made that the transmission of multichannel voice by digital
means does not compare favorably with analog transmission methods, e.g., FDM/FM or
SSB. The purpose of this paper is to reexamine this statement in light of modern source
coding techniques, high efficiency digital and dual polarization transmission techniques. It
is shown that with the proper choice of voice digitizing technique, the use of bulk
redundancy removal techniques and the use of high efficiency transmission techniques,
digital systems can compete favorably with their analog equivalents in terms of economy
of bandwidth. This paper does not attempt to resolve the question of whether or not
multichannel voice transmission by digital means can compete favorably with its analog
equivalent in terms of cost. The results of this paper are applicable to line-of-sight
microwave links such as satellite or conventional terrestrial microwave.

Rapid improvements in digital switching, multiplexing, modems, guided media, etc., are
factors which influence the trend toward all digital networks. These factors, coupled with
the noise immunity and regeneration properties of digital systems, must be considered in a
complete economic analysis. The large investment in analog transmission systems by the
terrestrial carriers will moderate the introduction of all digital networks.

To compete favorably with analog multichannel transmissions, digital systems must
provide, within current RF bandwidth allocations, approximately the same number of voice
channels. Table 1 shows the current and projected capabilities of the several LOS
terrestrial and satellite systems.

TASI-E stands for Time Assignment Speech Interpolation and is under development by
AT&T to provide a 2 to 1 bandwidth compression or an equivalent 2 to 1 increase in the
number of analog channels by taking advantage of the silence intervals in speech.

The satellite links are in general power limited and not bandwidth limited. Typical Intelsat
IV signal-to-noise ratios at a large ground station are limited to 20 db and 31 db for global
beam and spot beam operation, respectively. These SNR values are measured in a 36 mhz
bandwidth and limit the capacity of the system. On the other hand, LOS terrestrial systems
are bandwidth limited and not power limited. Therefore, in both cases the classical



Table 1

System BW # Voice Channels
Carrier
 Freq. 

TD-2
TH
TN
SSB
TD-2/TASI-E
TH/TASI-E
SSB/TASI-E
Satellite (Intelsat,WU)
Satellite(Intelsat, WU)/TASI-E
Satellite (SBS)

20 mhz
30 mhz
40 mhz
30 mhz
20 mhz
30 mhz
30 mhz
36 mhz
36 mhz
54 mhz

1200 (current), 1800 projected
1800 (current), 2700 projected
1800 (current)
6000 projected
3600 projected
5400 projected
12000 projected
900 to 1200 (single carrier/transponder)
1800 to 2400 projected
will depend on final design

4 ghz
6 ghz
11 ghz
6 ghz
4 ghz
6 ghz
6 ghz
4, 6 ghz

12, 14 ghz

power-bandwidth tradeoff is of interest. A particularly lucid discussion of the power -
bandwidth tradeoff can be found in a recent article by Bedrosian.1

From the data in Table 1, it is apparent that digital LOS microwave terrestrial systems
must compare favorably with a number of analog multichannel techniques. For example, a
digital approach must be capable of providing 3600 voice channels in a 20 mhz bandwidth
(TD-2/TASI-E) or as high as 12, 000 voice channels in a 30 mhz bandwidth
(SSB/TASI-E).

The generic digital system is shown in Figure 1. The transmit portion of the system
includes analog to digital (A/D) converters and a multiplexer/bulk redundancy removal
device. The A/D converters for each speech channel will differ in technique depending
upon the bit rate per voice channel. The voice processing techniques(A/D’s) are chosen so
as to provide essentially equal performance (intelligibility and quality) as the bit rate is
changed as shown in Table 2.

The redundancy removal device in Figure 1 takes advantage of multichannel voice
statistics to provide a maximum compression factor (CF) of 4 at an A/D conversion bit rate
of 64 Kb s and 2.5 at an A/D conversion bit rate of 8 Kbps. Theoretically, the compression
factor (CF) of 4 should apply to the range of A/D conversion bit rates, however, practical
considerations dictate a reduction in the compression factor with reduced A/D conversion
rates. These redundancy removal devices are typified by AT&T’s TASI-D, Intelsat’s
Digital Speech Interpolation equipment and the Bell Aerospace Vocoplexer.2

Figure 1 also shows high efficiency modems followed by vertical and horizontal
polarization transmitters. The polarization isolation is assumed sufficient, e.g., 35 db, to



provide independent digital transmissions on each polarization. Polarization isolation is
employed in Intelsat IVA and RCA’s DomSat for frequency re-use and on LOS terrestrial
microwave systems to allow the use of contiguous adjacent channels. Digital transmissions
have the advantage over analog transmission in that polarization isolation transmission can
be used in some cases to double the effective capacity of digital LOS links within a single
RF channel.

A summary of high efficiency modem technology is provided in Table 3. Modems capable
of 3 bit per hertz are under test and appear feasible and higher efficiency modems are
being researched. The use of polarization isolation transmission can increase by a factor of
2 the capacity of terrestrial LOS microwave system particularly when the more robust
modulation techniques are employed, e.g., modem efficiencies # 2 bphz. For higher
modem efficiencies, i.e., bphz $ 3, the demand on polarization isolation may be excessive
and research is required to determine the applicability of polarization isolation
transmission to high efficiency modems.

The number of voice channels which can be realized in a given RF bandwidth can be
determined from equation 1. P. F. is the polarization factor for dual polarization
transmission.

voice channels = (R. F. B. W. in hz) X (bphz)X(2.5#CF#4)X(1#PF#2)
bit rate of voice coder

equation 1

Assuming that a 2.5 bphz modem is used in conjunction with a compression device
(2.5<CF<4), eq. 1 is plotted in Figure 2 for 20 and 30 mhz RF bandwidths. Polarization
isolation transmission is not used to obtain the data in Figure 2. Also included in Figure 2
are typical results for Intelsat IV operating with large ground stations (G/T = 40.7 db/EK),
spot beam coverage, and 8N PSK modulation.

Conclusions

Digital systems for multichannel voice can be designed to compete favorably with analog
transmission systems. The use of lower bit rate voice coders and bulk redundancy removal
techniques such as TASI-D are essential. An average value of CF x bphz = 9 appears
practical with today’s technology. With a voice coder bit rate of 16 kbps, based on
adaptive predictive coding or voice excited LPC, combined with a CP x bphz = 9 provides
a digital system with a capacity greater than analog multichannel SSB (12,000 channel).
Significant increases in the number of voice channels over satellite can be achieved
through digital schemes described above. While these techniques do not apply to voice
bandwidth channels used for data transmission, the current and future projections show a



9:1 ratio in favor of voice carried over satellite and terrestrial microwave. Therefore, the
techniques discussed are important in view of the predominance of voice.

While it has been shown that digital systems can provide increases in the number of voice
channels in a given RF bandwidth, the demand for such increases will ultimately determine
how fast these digital systems are implemented.

Table 2
Voice Coding Technique with Approximately Equal Performance

 Bit Rate Kbps Voice Coding Technique
Compression
Factor (CF)

  8
16
32
64

Voice Excited Linear Predictive Coder
Adaptive Predictive Coder
Adaptive Differential PCM
Companded PCM

2.5
3.0
3.5
4.0

Table 3
Comparison of Modulation Techniques

Efficiency in
bit per hz

Ave S/N for
10-6 BEP

4 level FM
Minimum Shift Keying
8 level FM
Quadrature PSK
Quadrature Partial Response-3 level
8N PSK (3)

16-ary Amplitude Phase Keying (4)
Quadrature Partial Response-7 level

1.0
1.1
1.5
1.5
2.0
2.5
3.0
3.3
3.5

20 db
12 db
25 db
12 db
17 db
19 db
25 db
25 db
23 db



Figure 1   Generic Digital Transmission System

Figure 2   Voice Channels vs A./D Bit Rates
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