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Define Codecs



Sampling

1. Sample the analog signal regularly. The sampling rate 
must be twice the highest frequency to produce playback. 
The sampling rate is 8000 samples per second (8 kHz), 
which reflects the fact that the bulk of human voice energy 
is carried in the spectrum of 0–4 kHz.



2. Quantize the sample. Quantization consists of 
a scale made up of 8 major segments. Each 
segment is subdivided into 16 intervals. 



4. (Optional) Compress the samples 
to reduce bandwidth. Signal 
compression is used to reduce the 
bandwidth usage per call.

3. Encode the value into an 8-bit 
digital form (octet).



Audio Codec Selection





Video codecs are designed to identify changes from one frame to the next 
and only update the changes. 
Initially the process requires a full frame - I-Frame (Intra-coded).
The second frame is compared to the first to identify which macroblocks
have changed and only those blocks are updated and transmitted in the 
form of P-Frames (predictive-coded) or B-frames (bi-directional predictive-
coded).

A single frame of 
the video, group 
pixels into blocks, 
then group 
blocks into 
Macroblocks. 

Macroblocks that 
are in a 
contiguous row 
are grouped into 
slices (single row 
of macroblock).



Video codecs, such as MPEG-2, MPEG-4, H.264, and H.265 use temporal 
compression algorithms. A codec that uses temporal compression does not 
send a complete frame sample (I-frame) at every sampling interval. Only 
some of the frames that are sent are I-frames. 



Between the full-frames (I-frames), only the differences with the 
previous frame, represented as motion vectors and prediction errors, 
are encoded. The frames that carry these frame deltas (P- or B-
frames) tend to be much smaller than I-frames, which is how the 
compression algorithm reduces the bandwidth.



Evaluate the Effects of Encryption on Codecs

• In total, 40 bytes of data are needed per packet.
• To reduce the size of the Layer 3 overhead, enable Compressed 
Real-time Transport Protocol (cRTP). cRTP will reduce the 
headers from 40 bytes down to 2 bytes or 4 bytes if a checksum is 
required.








































